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SUMMARY
Conventional mobile  ra d io  systems i n v a r i a b l y  u t i l i s e  
the a v a i l a b l e  frequency spectrum by s u b -d iv is io n  in to  a 
l a r g e  number o f  narrow-band channels .  This s in g le  message 
channel per c a r r i e r  approach s u f fe rs  from the in term odu la ­
t io n  problems normally  assoc ia ted  w ith  f re q u e n c y -d iv is io n  
m u l t i p le x in g  systems. In a d d i t io n ,  i n e f f i c i e n t  use is  
made o f  resources ,  s ince a separate  r e c e i v e r / t r a n s m i t t e r  
u n i t  is  necessary fo r  each message channel.
There has r e c e n t ly  been a g re a t  deal  o f  a t t e n t i o n  
focussed on a r a d i c a l l y  d i f f e r e n t  approach to spectrum 
u t i l i s a t i o n  fo r  the next generat ion  o f  c e l l u l a r  ra d io  sys­
tems which, by t h e i r  very n a tu re ,  are  p a r t i c u l a r l y  prone 
to the problems c i t e d  above. C u r r e n t l y ,  t im e - m u l t ip le x in g  
systems employing wide-band channels are  r e c e iv in g  consid­
e ra b le  favou r .  However, the p re -occupat ion  is  w ith  a l l  
d i g i t a l  systems, which s t i l l  have te c h n ic a l  d i f f i c u l t i e s  
in the areas o f  speech encoding and e q u a l is a t io n .  A 
p o t e n t i a l l y  more a t t r a c t i v e  analogue technique is  to p a r ­
t i t i o n  the s ig na ls  from s e v e ra l  message sources in t o  seg­
ments which are  then in t e r le a v e d  on to a common wide-band 
FM bearer  using a t ime-compression m u l t i p le x in g  CTCMD pro­
cess. This TCM-FM system r e t a in s  the advantages o f  wide­
band systems but does not a t t r a c t  the problems associated  
w ith  an a l l  d i g i t a l  techn ique .
The aim o f  t h i s  th e s is  is  to i n v e s t i g a t e  the f e a s i ­
b i l i t y  o f  such a TCM-FM system from a s p e c t r a l  v ie w po in t ,  
and to compare i t s  p re d ic te d  performance w i th  a conven­
t i o n a l  narrow-band FM system. C la s s ic a l  a n a ly s is  tech ­
niques a re  shown to be u n s u i ta b le  unless severe oversim­
p l i f i c a t i o n s  are  made, instead e x ten s iv e  use is  made of  
numerical  techniques employing the d i s c r e t e  Fo ur ie r  
t ran s fo rm .  The use o f  Monte C ar lo  techniques w ith  
pseudo-random modulat ion a lso  al lows the performance to be 
i n v e s t ig a t e d  w i th  more r e a l i s t i c  no ise  l i k e  s ig n a ls .  
Extens ive  a n a ly s is  confirms the v a l i d i t y  o f  the chosen 
technique and shows t h a t  the im portant  co-channel r e j e c ­
t io n  p r o p e r t i e s  o f  conven t io na l  Fm are  mainta ined in the  
TCM-FM system over a wide range o f  parameters.
An enhanced system employing time-domain windowing 
techniques to  remove the in te r -se g m en t  d i s c o n t i n u i t i e s  
which occur in  the basic  system is  a lso  analysed. This  
enhanced windowed TCM-FM system o f f e r s  a v ia b le  and 
a t t r a c t i v e  a l t e r n a t i v e  to  e x i s t i n g  modulation systems, 
e s p e c ia l l y  f o r  la r g e  ( n a t i o n a l )  c e l l u l a r  ra d io  schemes. 
The most s i g n i f i c a n t  advantages o f  t h i s  system inc lude  a 
dramatic  re d u c t io n  in equipment complex ity  and a co ns ider ­
ab le  improvement in  o v e r a l l  s p e c t r a l  e f f i c i e n c y .
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1.1  HISTORY OF LAND MOBILE RADIO
1 . 1 . 1  EVOLUTION IN THE USA
I n t e r e s t  in land mobile  ra d io  f i r s t  arose in the  
e a r ly  1920’ s out o f  the need o f  the D e t r o i t  p o l ic e  d e p a r t ­
ment to communicate w ith  t h e i r  motor v e h ic le s .  Between 
1920 and 1927 th e re  were s e v e ra l  attempts to e s ta b l is h  
one-way communication between headquarters and p a t r o l  cars  
using var ious f requencies  from below 1MHz to  2MHz 
These f a i l e d  due p r i m a r i l y  to  the i n s t a b i l i t y  and in s e n s i ­
t i v i t y  of  the r e c e iv e rs  in the moving v e h ic le s .  In 1928 
the a v a i l a b i l i t y  o f  improved va lves and high power I 3 5 v 
b a t t e r i e s  made po ss ib le  the in t r o d u c t io n  o f  the f i r s t  
r e l i a b l e  mobile  ra d io  scheme, again fo r  the D e t r o i t  p o l ­
i c e .  This was fo l low ed in 1930 by the g ran t in g  of  a 
l i c e n c e  fo r  a s t a t e  p o l ic e  system.
The requirement fo r  message acknowledgement soon 
became apparent and the f i r s t  two-way mobile  communication 
equipment was demonstrated in 1933. Base s t a t io n  and 
mobile  t r a n s m i t t e r s  o f  200W and 20W r e s p e c t iv e ly  were 
employed along w ith  superheterodyne r e c e iv e r s .  Although 
t e s t  r e s u l t s  were good, the lac k  o f  c r y s t a l  c o n t ro l  and
-  1 -
the high power consumption discouraged f u r t h e r  expansion.  
U n t i l  1935., p r a c t i c a l l y  a l l  the equipment was o f  the ’ do-  
i t - y o u r s e l f *  v a r i e t y ,  t h a t  i s ,  developed and i n s t a l l e d  by 
i n d iv id u a ls  working fo r  the var ious p o l ic e  departments. I t  
was not u n t i l  a f t e r  the in t ro d u c t io n  o f  the v i b r a t o r  power 
supply in  p lace  o f  the more expensive and u n r e l i a b l e  
r o t a r y  c o n v e r te r  th a t  l a r g e r  companies began production of  
mobile  r a d io  equipment. General  E l e c t r i c  and RCA entered  
the f i e l d  in  1936 ,  fo l lowed by F .M .L in k ,  and then M otoro la  
in 1937.  An im po rtan t  m i les tone  in  two-way communications 
was the a l l o c a t i o n  of  29 channels in the 3 0 .5 8  to  39.9MHz  
band fo r  p o l i c e  communications in  1937.  Subsequently c r y ­
s t a l  c o n t r o l l e d  t r a n s c e iv e rs  became common and the Federa l  
Communications Committee (FCC) in troduced a frequency  
to le ra n c e  standard o f  0.05% f o r  equipment working above 
30MHz.
Up u n t i l  1940, the s e v e ra l  thousand systems in  use
a l l  employed am pli tude  modulat ion w i th  the base s t a t i o n
equipment no rm al ly  lo ca te d  a t  p o l ic e  headquarte rs .
Although such i n s t a l l a t i o n s  were o p e r a t io n a l ly  conven ient ,
the o f ten  high l e v e l  o f  ambient noise in the r e c e iv e r  and
poor antenna e le v a t io n  gave r e s t r i c t e d  range. A r a d i c a l l y
new approach was adopted in the Connecticut  system which
employed angle  modulat ion fo r  the f i r s t  time in mobile  
( 2 )ra d io  . The lo c a t i o n  o f  each base s t a t io n  was a lso
-  2 -
optimised to obtain best a e r i a l  e le v a t io n  and lowest  
no ise ,  w ith  the mobile antenna located  in the cen tre  of  
the v e h ic le  r o o f .  I t  was these l a t t e r  fa c to rs  which con­
t r i b u t e d  as much as anyth ing to the success of  the scheme 
which led to  the almost u n iv e rs a l  change to FM during the  
fo l lo w in g  s ix  years .
1 . 1 . 2  EARLY DEVELOPMENTS IN GREAT BRITAIN
In Great B r i t a i n  progress in mobile  communications 
was a t  a slower pace. I t  was not u n t i l  the 1930 ’ s th a t  
simple AM systems op era t in g  in the I f  and mf bands were 
i n s t a l l e d  fo r  the p o l ic e  s e rv ic e s .  Performance was l im i t e d  
predominantly  by n a t u r a l  in t e r f e r e n c e  ( s t a t i c )  and by 
man-made e l e c t r i c a l  no ise  ( i g n i t i o n  i n t e r f e r e n c e ) .  I t  was 
not u n t i l  the l a t e  1930 ’ s th a t  improvements in technology  
allowed VHF mobile  systems to be in troduced operat ing  
f i r s t  a t  30MHz and l a t e r  a t  h igher f req uen c ie s .
The number of  schemes remained small  u n t i l  a f t e r  the  
second World War. During t h is  time developments in m i l i ­
t a r y  communications were r a p id ,  and th e re  was a r e q u i r e ­
ment from the p o l ic e  (and to  a le s s e r  e x te n t ,  the f i r e  
s e rv ic e s )  fo r  more r e l i a b l e  systems. Before the end o f  the  
war, s e ve ra l  o f  the l a r g e r  d i s t r i c t s  had mobile  ra d io  sys­
tems, developed along the l i n e s  of  m i l i t a r y  equipment.  
These employed ampli tude modulation in the 80 or 130Mhz
-  3 -
bands th a t  had been a l lo c a te d  fo r  mobile  ra d io  a t  the 1938 
I n t e r n a t i o n a l  Radio Conference. In c o n t ra s t  to  the USA, 
were i t s  use predominated, angle  modulation was used in  
only a few exper im enta l  and some permanent schemes in the  
UK. By 1945 i t  was est imated t h a t  fewer than 1000 mobile  
rad io s  were in use in Great B r i t a i n  compared to over 
20 ,000  in  the USA
-  4 -
1 .2  EXPANSION OF MOBILE RADIO SERVICES
1 . 2 . 1  THE SITUATION IN THE POST- WAR YEARS
The r e l a t i v e l y  low de ns i ty  o f  mobile  equipment per
u n i t  area in 1945, both in the USA and UK, meant th a t
th e re  was l i t t l e  chance of  in t e r f e r e n c e  from other  users.  
As such, p r a c t i c a l l y  no a t t e n t i o n  was paid to  equipment 
spurious responses or emissions. In the USA, a r e c e iv e r  IF  
bandwidth of  50kHz ( -6dB) was normal w ith  a r e j e c t i o n  of  
only 60dB a t  200kHz. Image performance was some 10-20dB 
worse than t h i s .  In the t r a n s m i t t e r ,  th e re  was no d e v ia ­
t io n  l i m i t ,  w i th  o f ten  some 15 to 45kHz r e s u l t i n g  fo r  the  
same input  s ig n a l  l e v e l .  There was no c o n t r o l  whatsoever  
of  spurious emissions and no ad jacent  channel s p e c i f i c a ­
t io n  .
In the ten years fo l lo w in g  the second World War, a
cons iderab le  q u a n t i ty  o f  VHF equipment was i n s t a l l e d  in
the UK, op era t ing  in the bands 7 1 . 5 - 8 8 . 0 Mhz ( low band) and 
156-184MHZ (h igh  band). The low band employing 50kHz chan­
ne l  spacings was used where coverage over as wide an area  
as poss ib le  was r e q u i r e d .  The high band, u t i l i s i n g  a 
100kHz channel spacing,  was used fo r  more lo c a l  schemes 
due to i t s  s h o r te r  range propagation c h a r a c t e r i s t i c s .  The 
bulk o f  equipment in both bands was operated on a two f r e ­
quency simplex basis  (c h ap te r  2 . 2 . 2 )  w i th  a spacing o f
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10MHz. During t h i s  period l ic e n c e s  were granted fo r  the  
f i r s t  time to users other  than the p o l ic e  and f i r e  s e r ­
v ic e s ,  in c lu d in g  t a x i  f i rm s ,  ambulances and pu b l ic  u t i l i ­
t i e s .  By 1949 th e re  were some 220 base s t a t io n s  and 1000 
mobiles being used by these new s e rv ic e s .  The t o t a l  
number o f  a l l  mobile  ra d io  users a lso  continued to  
incre as e  r a p i d l y  w ith  about 2000 base s t a t io n s  and 20 ,000  
mobiles in  o p era t io n  by 1959. In the USA, growth was a t  
an even f a s t e r  r a t e  w ith  around 85 ,000  t r a n s m i t te r s  in use 
by 1948 and 700 ,000  by 1958! 2^\
1 . 2 . 2  IMPROVEMENTS IN EQUIPMENT PERFORMANCE
E a r ly  equipment u t i l i s e d  va lves w ith  low o v e r a l l  
e l e c t r i c a l  e f f i c i e n c y  which placed heavy demands upon 
power s u p p l ie s .  The in t ro d u c t io n  o f  the t r a n s i s t o r ,  a t  
f i r s t  in low l e v e l  audio stages and subsequently  
throughout a l l  the  equipment, was a dramatic  step forward  
in t h is  r e s p e c t .  A t y p i c a l  1945 mobile  u n i t  consumed 200W 
fo r  10W RF output power, weighed 50kg and had a mean time  
between f a i l u r e s  o f  around 2 months. In the e a r ly  19 6 0 's ,  
the corresponding f u l l y  t r a n s i s t o r i s e d  equipment consumed 
only 60W fo r  increased output power, weighed 5kg and 
operated fo r  per iods  o f  two years between s e rv ic e s .
E qu a l ly  im press ive  improvements a lso  occurred in the  
i n t e r f e r e n c e  and s t a b i l i t y  s p e c i f i c a t i o n  o f  equipment,
-  6 -
however, which formed the e s s e n t ia l  f i r s t  step towards 
channel s p l i t t i n g .  The in t ro d u c t io n  o f  the double conver­
sion r e c e iv e r  w ith  a second IF  a t  455kHz employing a block  
LC f i l t e r  provided over 80dB r e j e c t i o n  a t  the channel  
edges. Output f i l t e r s  were added to t r a n s m i t t e r s  and the  
output spectrum o f  FM u n i ts  r e s t r i c t e d  by the in c lu s io n  of  
d e v ia t io n  l i m i t e r s .  The development o f  c r y s t a l  technology  
made p o ss ib le  a frequency s t a b i l i t y  o f  +15ppm to be main­
ta in e d  over a temperature  range o f  8 0 ° .  This was f u r t h e r  
improved to  b e t t e r  than +5ppm by the advent o f  the c r y s t a l  
oven, f i r s t  used in  the USA and Canada. Steps were a lso  
taken to reduce the s u s c e p t i b i l i t y  o f  the r e c e iv e r  to  
d e s e n s i t i s a t i o n  and in te rm o d u la t io n ,  mainly by c o n c e n t ra t ­
ing on the f r o n t  end l i n e a r i t y .
1 . 2 . 3  SPECTRAL CONGESTION AND CHANNEL SPLITTING
The ra p id  growth in both number and type o f  user o f  
mobile  r a d io  fo l lo w in g  World War I I  produced a co ns ider ­
ab le  demand fo r  more channels .  At the 1947 I n t e r n a t i o n a l  
Radio Conference a modest 4.7% o f  the a v a i l a b l e  spectrum 
was a l l o c a t e d  to  mobile  r a d io .  This was l a t e r  reduced f o l ­
lowing the d e c is io n  to c u r t a i l  the upper l i m i t  o f  the high  
VHF band to  174MHz from 184MHz. Hence, the e x t r a  channels  
demanded had to  provided by more e f f i c i e n t  use of  the  
e x i s t i n g  spectrum. The only f e a s i b l e  way o f  p ro v id in g  a 
l a r g e  number o f  e x t r a  frequencies  was by a process o f
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channel s p l i t t i n g ,  which had only now become possib le  
through improvements in equipment performance.
In the UK fo l lo w in g  the re p o r t  o f  the Mobile  Radio 
Committee in  1955, channel spacings were reduced to 25kHz 
in the low band and to  50kHz and subsequently 25kHz in the  
high band. This was accomplished by the in s e r t io n  of  new 
channels centred  a t  the edges the old ones, thus r e t a in in g  
c o m p a t i b i l i t y  w i th  o ld e r  equipment during the changeover 
p e r io d .  Each changeover o f  equipment was c a r r ie d  out over 
a f i v e  year p e r io d ,  although in the high band, the conver­
sion to  25kHz spacing was s t a r t e d  before  t h a t  to  50kHz was 
completed. Some in f r e q u e n t l y  used equipment was not how­
ever changed u n t i l  obsolescence forced the purchasing of  
new u n i t s .
In the USA the FCC o r i g i n a l l y  e s ta b l is h e d  a 40kHz 
channel spacing fo r  the 20-50MHZ band and a 60kHz channel  
spacing fo r  the 148-162MHZ band. These were s p l i t  to 20kHz 
and 30kHz r e s p e c t i v e l y  along the l in e s  o f  the UK system to 
perm it  c o m p a t i b i l i t y  w i th  o lder  equipment during the  
changeover p e r io d s .  I t  was a lso  necessary to  h a l f  the Fm 
d e v ia t io n  to  pe rm it  these narrower channels to  be i n t r o ­
duced. This had the e f f e c t  of  reducing the s i g n a l - t o - n o i s e  
advantage over AM systems, and a ls o  more im p o r ta n t ly ,  
reducing the  ca ptu re  e f f e c t  and hence in c re a s in g  the sus­
c e p t i b i l i t y  to  co-channel  i n t e r f e r e n c e .
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1 .3  ADVANCED MOBILE RADIO SYSTEMS
1 . 3 . 1  PAGING
S evera l  advanced mobile  ra d io  schemes have been pro­
posed which seek to  improve upon the s p e c t r a l  e f f i c i e n c y  
and /o r  the q u a l i t y  and se rv ic e s  provided by the simple  
co nven t ion a l  systems. Radio paging is  an im portant  example 
o f  a system in the former ca teg ory .  There are countless  
s i t u a t i o n s  in  which th e re  is  a need to  c a l l  a person who 
i s  away from the o f f i c e  e t c .  but where immediate ack­
nowledgement is  not r e q u i re d .  By employing s e l e c t i v e  c a l ­
l i n g ,  paging permits  the a l e r t i o n  o f  one or a number of  
personnel from a group u t i l i s i n g  a s in g le  ra d io  channel.  
Hence a low co s t ,  h ig h ly  s p e c t r a l l y  e f f i c i e n t  one-way com­
municat ion c a p a b i l i t y  can be envisaged, th a t  can vary in 
s iz e  from the small  o f f i c e  se t -up  to the country -w ide  
f i r e m a n ’ s c a l l - o u t  system.
The i n t e r e s t  in paging systems f i r s t  arose in the rnid 
1930 ’ s out o f  the need to  communicate r e l i a b l y  w ith  impor­
t a n t  personnel out o f  range o f  the te lephone .  The f i r s t  
systems employed in d u c t iv e  loop p r i n c i p l e s  op era t in g  on 
c a r r i e r  frequencies  in the range 30kHz to  50kHz. Separate  
r e c e iv e r  addressing was achieved by tun ing each to a d i f ­
f e r e n t  f requency.  As the need fo r  more users arose,  a 
change took p lace to  a 40kHz c a r r i e r  w ith  FM modulat ion.
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Paging systems r a p id ly  expanded in the 1960 , s and 70*5 
using f requencies  in the 27-42MHz band with  25kHz and sub­
sequent ly  10kHz channel spacings. The former channel spac­
ing was a lso  employed fo r  the UHF f i re m an 's  paging system 
o p e ra t in g  in the 470MHz band. By 1973 i t  was est imated  
t h a t  15 ,000 u n i ts  were in use nat ionwide fo r  t h is  pur­
pose.
1 . 3 . 2  RADIO TELEPHONES
The vast  m a jo r i t y  o f  mobile  ra d io  systems in  the  
world evolved as p r i v a t e  systems c o n s is t in g  o f  one or more 
base s t a t io n s  w ith  a l a r g e r  number o f  mobiles op era t in g  in  
a r e l a t i v e l y  small  a re a .  W h i ls t  these s a t i s f i e d  the needs 
of  users r e q u i r in g  f l e e t  c o -o r d in a t io n  e tc .»  such schemes 
did not prov ide access to  the p u b l ic  land te lephone n e t ­
work nor perm it  communication over a wide area as requ ired  
by business users e t c .  The o r i g i n a l  aim o f  the Post O f f i c e  
r a d io - te le p h o n e  scheme was to  prov ide  f u l l  duplex communi­
c a t io n  between any te lephone connected to  the PSTN and a 
mobile  loca ted  anywhere in  the co un try .  The t e c h n i c a l  
o p e r a t io n a l  and planning requirements o f  such a scheme are  
obvious ly  immense and the a c tu a l  systems i n s t a l l e d  p ro ­
vided only a r e s t r i c t e d  s e r v ic e .
The f i r s t  t r i a l  system to  be i n s t a l l e d  in the UK was 
in Manchester in 1959. Fo l low ing  t h i s ,  a slow but steady
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improvement was made lead in g  to  the f i r s t  system fo r  main
po pu la t io n  c e n t re s ,  known as System 1, to  be i n s t a l l e d  in
London in 1965. The s e rv ic e  was operator  connected how­
e v er ,  hence i t  was expensive and a t t r a c t e d  only p r e s t ig e  
users .  The next development was the in t ro d u c t io n  of Sys­
tem 3 in  1972 (System 2 was never p r a c t i c a l l y  opera­
t i o n a l ) .  This was again a manual system and a lso  s implex,  
although i t  ca tered  fo r  more users.  E v e n tu a l ly  t h i s  was 
extended to cover 40-45% o f  UK po pu la t io n  in d i s t i n c t  
urban areas .  Fu rther  expansion was made d i f f i c u l t  by the  
lac k  of  s u i t a b le  f req u e n c ie s .
In 1981, the number of  frequencies  a v a i l a b l e  was 
increased to 110 by the reduct ion  in  channel spacing to  
12 .5kHz.  In the same year the f i r s t  f u l l y  automatic  
d i r e c t  d i a l  system was in troduced in London, known as Sys­
tem 4. System 3 was not withdrawn a t  t h i s  t im e,  and since  
no a d d i t i o n a l  spectrum was a v a i l a b l e ,  channels had to  be 
shared between the two systems. Although the growth in 
ra d io  te lephones in  the UK was w e l l  below th a t  in Scan-  
danav ia ,  fo r  example, due p r i m a r i l y  to  lack  of  market ing  
by B r i t i s h  Telecom ( f o r m e r ly  the GPO), i t  was s t i l l  not 
po ss ib le  to  meet the demands in the c a p i t a l .  This produced 
a w a i t in g  l i s t  extending in to  thousands, a lthough in the
provinces the ca p a c i ty  exceeded the demand.
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1 . 3 . 3  CELLULAR SYSTEMS
The c e l l u l a r  concept is  designed to prov ide b e t te r  
q u a l i t y ,  serve f a r  more subscribers  and o f f e r  much 
improved o v e r a l l  s p e c t ra l  e f f i c i e n c y  compared to t r a d i ­
t i o n a l  mobile  ra d io  systems. By employing a la rg e  number 
o f  base s ta t io n s  each se rv ing  an area ( c e l l )  as l i t t l e  as 
h a l f  a km in  diameter  the c e l l u l a r  approach permits  a much 
s m a l le r  frequency re -use  d is tan ce  than convent iona l  sys­
tems. C e l ls  are  grouped to ge ther  in c lu s t e r s  w ith  the 
e n t i r e  a l l o c a t i o n  o f  channels then being a v a i l a b l e  fo r  
each c lu s t e r  (c h a p te r  2 . 4 ) .
Although the advantages of  the c e l l u l a r  concept were 
r e a l i s e d  as e a r ly  as the 1940, s, the technology to  im ple ­
ment low -cost  m u l t i -c h a n n e l  equipment did not become 
a v a i l a b l e  u n t i l  the e a r ly  1970, s.  I t  was a lso  recognised  
t h a t  a la rg e  block of  spectrum would be requ ired  however 
none was a v a i l a b l e  in the convent iona l  mobile  ra d io  bands. 
In 1971, the American Telephone and Telegraph company 
(AT&T) proposed the development o f  a c e l l u l a r  system in 
the USA. The FCC responded to t h i s  by a l l o c a t i n g  40Mhz of  
spectrum in the 800MHz band in 1974. The f i r s t  t r i a l  sys­
tem was i n s t a l l e d  in Chicago in 1978 fo r  2000 subscr ibers  
using the Automatic Mobi le  Phone System (AMPS) system 
developed by AT&T.
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The in t ro d u c t io n  of  c e l l u l a r  ra d io  in  the UK was made 
poss ib le  by the a l l o c a t i o n  o f  spectrum in the 900MHz band 
fo r  mobile  rad io  by WARC 1979. This was fo l lowed by the  
DTI g ran t in g  l ic e n c e s  to  two o p e ra to rs ,  B r i t i s h  Telecom-  
Secu r icor  (TSCR) and Racal-Vodafone fo r  opera t ion  to begin  
e a r ly  in 1985. A modif ied  form o f  the AMPS system, known 
as the T o ta l  Access Communication System (TACS) was chosen 
w ith  the peak vo ice  d e v ia t io n  l i m i t e d  to  9.5kHz fo r  compa­
t i b i l i t y  w ith  the UK 25kHz channel spacing.
Various other  c e l l u l a r  systems are  in op era t ion  or
are  planned in other  p a r ts  o f  the world .  The Nordic Mobile
Telephone (NMT) became o p e ra t io n a l  in Denmark, Sweden,
F in lan d  and Norway in  October 1981 and had reached 40 ,00 0
C 4 )subscr ibers  by March 1983 . West Germany began opera­
t io n  of  a low c a p a c i ty  system in 1984 a lso  a t  450Mh z , 
c a l l e d  Netz-C and based upon the Siemens C-450 s tandard .  
Japan, A u s t r a l i a  and Saudi Arabia  are  a ls o  among the coun­
t r i e s  c u r r e n t ly  o p e ra t in g  c e l l u l a r  systems.
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1 .4  THE FUTURE OF MOBILE RADIO
1 . 4 . 1  CELLULAR AND RELATED SYSTEMS
The m a jo r i t y  o f  European c o u n tr ie s  are a t  present  
o p era t in g  or p lann ing to  operate  c e l l u l a r  systems. In the  
UK, TACS has a l rea dy  s t a r t e d  to  take over from the e s ta ­
b l is h e d  System 3 and 4 ra d io  te lephones in densely  popu­
la t e d  a reas ,  but t h i s  l a t t e r  s e rv ic e  is  l i k e l y  to  cont inue  
f o r  some t im e .  In order to  cope w ith  the ever in c re a s in g  
number o f  users and to  s a t i s f y  t h e i r  requ irem ents ,  the  
c e l l u l a r  systems w i l l  continue to  grow, aided by new te c h ­
nology which w i l l  prov ide  more cost e f f e c t i v e  s o lu t io n s  
and o f f e r  g r e a te r  choice to  the user .  However, the four  
European c e l l u l a r  systems, TACS, NMT, MATS-E and C-450 or  
900, are non-compatib le  e s p e c ia l l y  in t h e i r  c o n t r o l  Pro­
cedures, thus prev en t ing  i n t e r - c o u n t r y  o p e ra t io n .
S h o r t ly  a f t e r  WARC 1979, the CEPT began c o n s id e ra t io n  
o f  a Pan-European system fo r  opera t ion  in the 1990, s which 
would a ls o  prov ide  a d d i t i o n a l  fe a tu re s  compared to  present  
systems. The new system is  almost c e r t a i n l y  to  be wide­
band, w ith  i t s  many advantages, p a r t i c u l a r l y  the s i m p l i f i ­
c a t io n  o f  base s t a t i o n  design.  C u r re n t ly  th e re  are  s e v e ra l  
systems under i n v e s t i g a t i o n ,  in c lu d in g  those from Tekade*  
Bosch, Ericsson and CD-900 ( A u t o t e l )  In common w ith
the present  t rend towards a l l  d i g i t a l  te lephone networks,
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a l l  o f  the proposed systems use d i g i t i s e d  speech. However, 
in order to  ob ta in  a t  l e a s t  as good s p e c t r a l  e f f i c i e n c y  as 
co nve n t iona l  systems, a maximum speech data  b i t  r a t e  of  
some 16kb/s is  a v a i l a b l e  a f t e r  channel coding and s i g n a l ­
l i n g  have been in c lu d e d .  This precludes the use o f  PCM 
and d e l ta -m o d u la t io n  as used fo r  land l i n e  systems. 
Instead c o n s id e rab ly  more complex (and poorer speech q u a l ­
i t y )  techniques such as l i n e a r  p r e d i c t i v e  coding (LPC) or 
sub-band coding (SBC) are necessary which s t i l l  have ou t­
s tand ing te c h n ic a l  problems. In view o f  t h i s  i t  seems 
u n l i k e l y  t h a t  s u i t a b l y  compact equipment can be produced 
fo r  op era t io n  by the e a r ly  1990*3.
Analogue wideband schemes have rece ive d  l i t t l e  or no 
a t t e n t i o n .  However, a technique known as time-compression  
m u l t i p le x in g  (TCM) e x is t s  which in con junct ion  w ith
an ampli tude or frequency modulated bearer  can form the 
basis  of  a system s u i t a b l e  fo r  both co nvent iona l  as w e l l  
as c e l l u l a r  mobile  ra d io  systems. U n l ike  the proposed 
d i g i t a l  systems, the technology requ ire d  to  implement the  
necessary time-companding processes is  a lready  w e l l -  
developed. However, some co ns iderab le  work on the charac­
t e r i s t i c s  o f  a wideband bearer  w ith  a time-compression  
m u lt ip le x e d  modulat ing s ig n a l  is  necessary be fore  a system 
can be s p e c i f i e d .
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1 . 4 . 2  USE OF ADDITIONAL SPECTRUM
In ad d i t ion  to the 800-900MHz band, WARC 1979 a lso  
a l l o c a t e d  the 41-68MHZ (Band I )  and 174-203MHZ (Band I I I )  
to mobi le r a d i o .  These have become vacant  in the UK, 
al though not in c e r t a i n  European c o u n t r i e s ,  fo l l o w i n g  the  
re cen t  t e rm ina t io n  of  4 0 5 - l i n e  TV t r an sm is s i on s , .  Hence,  
considerab le  care in the choice o f  f requencies  w i l l  be 
re qu i red  in the immediate f u t u r e ,  e s p e c i a l l y  in SE Eng­
lan d .  Since these bands are l i k e l y  to be the l a s t  s i g n i ­
f i c a n t  blocks of  spectrum given to  mobi le ra d i o  in the  
fo reseeab le  f u t u r e ,  the re  has been much debate over the  
best  way to u t i l i s e  the a d d i t i o n a l  spectrum. In the UK, 
the basic proposals i s  to t r e a t  Band I I I  as a high q u a l i t y  
band due to i t s  e x c e l l e n t  propagat ion c h a r a c t e r i s t i c s .  
Trunking techniques w i l l  be encouraged and the use of  
12.5kHz FM channels adopted to improve e f f i c i e n c y .  There  
i s  a lso the p o s s i b i l i t y  of  adopt ing SSB modulat ion when 
the remaining te c h n i c a l  problems are  so lved,  which can 
more than double the number o f  a v a i l a b l e  channels wi th  
l i t t l e  degradat ion in q u a l i t y  Other recommendations
are th a t  mobi les should a l so  be synthesised wi th  at  
l e a s t  5MHz swi tch ing range to permi t  operat ion in d i f ­
f e r e n t  par ts  of  the count ry ,  and th a t  a 1200 b i t / s  FSK 
data  s i g n a l l i n g  standard should be adopted.  Although not  
ye t  considered,  th e r e  i s  no reason why wideband t im e-
m u l t ip le x ed  systems could not a lso be used. In a d d i t i o n ,  
the -var ious p u b l i c  u t i l i t i e s  c u r r e n t l y  operat ing in the  
104-108MHz band must be accommodated by 1995 a t  the  
l a t e s t .
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CHAPTER TWO 
SPECTRUM UTILISATION IN MOBILE RADIO
2 .1  INTRODUCTION
A basic land mobi le rad i o  scheme cons is ts  o f  a s u i t ­
ably  located  base ( f i x e d )  s t a t i o n  and a number o f  indepen­
dent mobi le  u n i t s .  The vast  m a j o r i t y  o f  systems prov ide  
two-way communication between a mobi le and base on a 
p u s h - t o - t a l k  ( s imp lex)  bas is .  I f  the re  are  no other  users  
opera t ing  w i t h in  a few MHz in range of  a p a r t i c u l a r  system 
then the se rv ic e  may be provided by a s in g le  frequency  
channel  ( s e c t io n  2 . 2 . 1 ) .  However, in most p r a c t i c a l  cases
when se ver a l  channels are requ i red  in an area ,  the most
e f f i c i e n t  and i n t e r f e r e n c e  f r e e  use o f  the spectrum is  
obtained by r e v e r t i n g  to two frequency operat ion (s e c t io n
2 . 2 . 2 ) .  The inc re as ing  use of  te lephone type (dup lex )  
opera t ion  a lso obvious req u i re s  a two frequency channel  
a l l o c a t i o n  (s e c t io n  2 . 2 . 3 ) .
O r i g i n a l l y  a l l  mobi le rad i o  equipment was s i n g l e  
channel  wi th  a coverage area l i m i t e d  to t h a t  which could 
be provided by a s i n g l e  (h igh  power) base s t a t i o n .  When 
e x t r a  range was r e q u i r e d ,  var ious area coverage schemes 
were in t roduced ,  some r e q u i r i n g  manual channel  change 
depending upon l o c a t i o n .  These systems have poor s p e c t r a l  
e f f i c i e n c y  since f requencies  may only be re-used a t  vast
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dis tances ( s e c t io n  2 . 3 ) .  As such system growth i s  se vere ly  
l i m i t e d  by the l ack  of  f u r t h e r  channels.  In a d d i t io n  there  
i s  a high p o s s i b i l i t y  of  an ap prec i ab le  c a l l  w a i t i n g  t ime,  
since  only one channel  i s  normal ly  provided fo r  30-40  
mobi les in a given a r ea .  Trunked systems, in which a chan­
ne l  may be se le c te d  from a group a v a i l a b l e  fo r  use have a 
much reduced p r o b a b i l i t y  o f  b lock ing (s e c t i o n  2 . 4 ) .  Both 
manual and automat ic  channel  s e le c t io n  systems are in use,  
wi th  var ious c e l l u l a r  systems combining the advantages of  
the l a t t e r  wi th  the e f f i c i e n c y  of  frequency re -u se  at  
shor t  d is ta nc es .
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2 . 2  MODES OF OPERATION
2 . 2 . 1  SINGLE FREQUENCY SIMPLEX
This i s  the s imp les t  mode of  op er a t i on ,  u t i l i s i n g  the  
same channel  f o r  both r e ce iv e  and t r a n s m i t .  At f i r s t  s ig h t  
t h i s  appears to  be the most economical in the use o f  spec­
t rum, and has the added advantage of  a l l ow i ng  mobi les to  
communicate d i r e c t l y  wi th  each o the r .  However, a number of  
disadvantages e x i s t ,  p a r t i c u l a r l y  in areas o f  high 
t r a f f i c .
I f  a t r a n s m i t t e r  i s  p h y s i c a l l y  located c lose to a 
r e c e i v e r  on the same f requency,  the high i n c i d e n t  power at  
the r e c e i v e r  w i l l  cause in te rmodu la t ion  to  occur due to 
the l i m i t e d  dynamic range of  the f r o n t  end (chapter
3 . 3 . 3 ) .  The same occurs even i f  the f requenc ies  are  
separated by s e ve r a l  channel  spacings due to the r e l a ­
t i v e l y  wide r e c e i v e r  RF bandwidth.  Thus, c o - s i t e d  systems 
need to be separated from each other  by a t  l e a s t  some 4-  
5MHz before acceptab le  performance can be achieved.  This  
s i t u a t i o n  i s  f u r t h e r  compl icated by the need to ensure 
t h a t  no two f requency separat ions  are equal  which would 
otherwise  lead to on-channel  in t e r mo du la t io n  (chapte r  
3 . A . 3 ) .  An a l t e r n a t i v e  arrangement i s  to gain i s o l a t i o n  
by ph ys i ca l  se pa ra t i on  of  base s t a t i o n  t r a n s m i t t e r s  and 
r e c e i v e r s .  U n f o r t u n a t e l y  adequate performance i s  only
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achievab le  by lo c a t i n g  the equipment a t  separate  s i t e s  
l ocated some l -2km a p a r t .  This arrangement i s  adopted fo r  
a i r bo rn e  communications but the expense i s  not  j u s t i f i a b l e  
f o r  mobi le systems. Thus fo r  mobi le systems, s i n g l e  f r e ­
quency s implex ,  f a r  from being s p e c t r a l l y  e f f i c i e n t ,  is  in  
f a c t  ext remely was te f u l  o f  spectrum.
2 . 2 . 2  TWO FREQUENCY SIMPLEX
The necessary frequency separa t ion  to avoid r e c e i v e r  
d e s e n s i t i s a t i o n  can be achieved in an a l t e r n a t i v e  manner 
by a l l o c a t i n g  separa te  blocks of  f requencies  to  
t r a n s m i t t e r s  and r e c e iv e r s  as shown in f i g . 2 . 1 ( a ) .  The 
f requency spacing between the blocks should not be some 
s u b - m u l t i p l e  o f  the in te r m e d i a te  frequency ( i e .  not  10 .7  
or 5.35MHz e t c . )  and i s  t y p i c a l l y  4 - 5 MHz . Al though twice  
as many f requencies  are  requ i red  compared to s i n g l e  f r e ­
quency working,  the o v e r a l l  s p e c t r a l  e f f i c i e n c y  i s  f a r  
g r e a t e r  e s p e c i a l l y  when many channels are  needed. This  
mode of  operat ion does have the disadvantage t h a t  mobi les  
may no longer  communicate d i r e c t l y  wi th  o ther  mobi les.  
However, i t  is  po ss i b le  fo r  the base s t a t i o n  to operate  in 
a rep e a t e r  mode by a r rang ing  fo r  the r e c e i v e r  audio output  
to  be connected to the t r a n s m i t t e r .  This system, commonly 
known as t a l k - t h r o u g h ,  has the added advantage th a t  com­
municat ion i s  po ss i b le  between two mobi les t h a t  would o t h ­
erwise be out o f  range o f  each o ther .
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F i g .  2 . 1 ( d )  Typ ica l  dual f raquancy duplax I n t a r a o d u l a t t o o  f r e a  a f t Q o m o o * .
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When se ver a l  f requencies  in the same block are
r eq u i re d  in the same a rea ,  two a d d i t i o n a l  important  f a c ­
to r s  a r i s e ;
( 1 )  The frequency separa t ion between any r e c e i v e r  and
t r a n s m i t t e r  in use must be some 4-5MHz, t h i s  leads  
to  the modi f i ed arrangement shown in f i g . 2 . 1 ( b ) ,  
where the a c tu a l  separa t ion  between a r e c e i v e r  and 
i t s  corresponding t r a n s m i t t e r  i s  4-5MHZ+N t imes 
channel  spacing.  N i s  the number o f  f requencies  in 
the block .
( 2 )  To avoid the otherwise  st rong p o s s i b i l i t y  o f  on- 
channel  i n te r m o d u la t i o n ,  the f requencies  in a block  
should be a l l o c a t e d  on a t  l e a s t  a t h i r d - o r d e r  compa­
t i b l e  basis (chap te r  3 . 4 . 3 ) .  A t y p i c a l  arrangement  
fo r  four  channels i s  shown in f i g . 2 . 1 ( c ) ,  i t  may be 
seen t h a t  th re e  f requencies  in the block are unus­
ab le  in t h i s  l o c a t i o n .  However, the o v e r a l l  spec­
t r a l  e f f i c i e n c y  i s  s t i l l  b e t t e r  than s i n g l e  f r e ­
quency s implex .
2 . 2 . 3  DUAL FREQUENCY DUPLEX
In many r esp ec t s ,  t h i s  mode o f  opera t ion  i s  s i m i l a r  
to two- f requency simplex and two s u i t a b l y  spaced blocks  
wi th  compat ib le  frequency a l l o c a t i o n s  may be u t i l i s e d *  
However,  the re  i s  the a d d i t i o n a l  p o s s i b i l i t y  o f  a+b+c
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i n te r mo du la t io n  products a r i s i n g  due to i n t e r a c t i o n  
between f requencies  from both blocks.  I f  two base s t a t i o n  
t r a n s m i t t e r s  on f requencies  f^ and f 2 are o p e r a t i o n a l ,  and 
a st rong mobi le  s i g n a l  on f^ + Af i s  re c e iv e d ,  where Af i s  
the (common) r e c e i v e - t o - t r a n s m i t  spacing,  a poss ib le  
i n t e r mo du la t io n  product  is
Cf2  ^ + + A) -  Cfx 3 = f 2 + Af i e .  the second r e c e iv e
frequency.  Hence a mobi le c lose  to the base s t a t i o n  can 
swamp a weak s ig n a l  on another  r e ce iv e  f requency.  In com­
mon wi th  the format ion of  other  on-channel  in t e r mo du la t io n  
s i g n a l s ,  t h i s  s i t u a t i o n  a r is e s  due to the uni form r e c e i v e r  
to t r a n s m i t t e r  frequency spacing.
A l l e v i a t i o n  o f  t h i s  problem invo lves  the extension of  
the compat ib le  f requency assignment over the two blocks.  
This i s  d i f f i c u l t  to  achieve when there  are  a l a r g e  number 
of  channels ,  but a r e l a t i v e l y  simple arrangement i s  poss i ­
b le  w i t h ,  f o r  example,  th ree  duplex channels  
( f i g . 2 . 1 ( d ) ) .  I n t e r f e r e n c e  i s  avoided when any two duplex 
channels oper a te ,  but w i th  th ree  o p e r a t i o n a l  th e r e  e x i s t s  
the p o s s i b i l i t y  o f  5^h order  products which are  not  
catered f o r .  F o r t u n a t e l y ,  t h i s  i s  s t a t i s t i c a l l y  less  
l i k e l y .
An a d d i t i o n a l  co ns id er a t io n  w i th  duplex systems is  
the p r ov is io n  o f  an antenna system which permi ts  s im u l ­
taneous t ransmiss ion and r e c e p t io n .  High l e v e l  t r a n s m i t t e r
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outputs must be prevented from en te r ing  the r e c e i v e r ,  and 
w h i l s t  a 4-5MHz f requency separa t ion  i s  adequate fo r  sim­
plex op er a t i o n ,  some a d d i t i o n a l  i s o l a t i o n  i s  requ i red  when 
the t r a n s m i t t e r  and r e c e i v e r  operate  s imul taneously .  I s o ­
l a t i o n  may be achieved by phys ic a l  separa t ion  of  t ran sm i t  
and r e ce iv e  antennae but on a crowded mast e t c .  t h i s  may 
not be p o s s i b le .  An a l t e r n a t i v e  i s  to combine the  
t r a n s m i t t e r  and r e c e i v e r  in a device known as a duplexer  
before connect ion to a common antenna.  This has the advan­
tage of  improved i s o l a t i o n  and al lows the s i n g l e  a e r i a l  to  
be po s i t ioned  f o r  op t imal  coverage.
The duplexer  consis ts  o f  f e r r i t e  i s o l a t o r s  and c a v i t y  
f i l t e r s  and i s  not  u n l i k e  the t r a n s m i t t e r  combiner  
( chapte r  3 . 4 . 1 ) .  E i t h e r  band-pass or band-stop f i l t e r s  or 
a combinat ion o f  both may be employed. The former has the  
advantage o f  r e j e c t i n g  a l l  s igna ls  ou ts ide  the passband 
which may be b e n e f i c i a l  when there  are other  unwanted s i g ­
nals p r es ent ,  whereas the l a t t e r  can prov ide g r ea te r  
r e j e c t i o n  o f  a p a r t i c u l a r l y  troublesome frequency.  As the 
r e ce iv e  to  t r a n s m i t  f requency i s  decreased,  h igher  Q and 
hence b u l k i e r  f i l t e r s  which r e q u i r e  f requent  re -a l ig nm en t  
are needed. As the frequency o f  operat ion in c reases ,  the 
f i l t e r  s i z e  may be reduced but fo r  a given Q, the separa­
t i o n  must be h i gh e r .  Hence fo r  c e l l u l a r  systems a t  900Mh z » 
a se para t ion  o f  45MHz has been adopted
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2 . 3  CONVENTIONAL SYSTEMS
2 . 3 . 1  SINGLE BASE STATION SYSTEMS
The e a r l y  use of  mobi le r a d i o  was foi  l o c a l  communi­
ca t ion  between a c e n t r a l  o f f i c e  and a small number o f  p o l ­
i c e  Cor other  s e r v i c e )  v e h i c l e s .  This was provided by a 
high power base s t a t i o n  t r a n s m i t t i n g  seveial  hundred watts  
on a s i n g l e  ra d io  channel .  The r e l a t i v e l y  smal l  t o t a l  
number of  users al lowed wide channel  f a c i n g s  of  up to  
200kHz to be used and permi t ted  s i m i l a r  schemes to operate  
in the same l o c a l i t y  wi thout  i n t e r f e r e r c e .  The good co­
channel  r e j e c t i o n  o f  high d e v i a t i o n  angle Modulat ion sys­
tems was a lso an important  co n t r ib u to ry  f a c t o r .  As the  
number of  users increased,  more frequencies were a l l o c a t e d  
by channel  s p l i t t i n g  and use o f  ad jacent  cnannels in a d ja ­
cent  geographica l  areas became necessary.  There was a lso a 
move towards the shar ing of  base stat isn f a c i l i t i e s  by 
se ve ra l  users.  A l l  o f  these fa c to rs  contr ibuted to the  
increased l i ke lyh oo d  o f  i n t e r f e r e n c e .
As the number o f  mobi les shar ing a rad i o  channel  
i ncreased,  the p r o b a b i l i t y  o f  excessive ba i t ing t ime due 
to  the channel  being in in use also increaied.  The problem 
could only be solved by the p rov is ion  of e i t ra  f requencies  
and the in t r o d u c t i o n  of  m u l t i - ch ann e l  equijment. However,  
since a new se t  of  c r y s t a l s  were require!  fo r  each ad d i ­
-  28 -
t i o n a l  frequency and manual channel  s e l e c t i o n  had to be 
employed, t h i s  was g e n e r a l l y  l i m i t e d  to  less than s ix  
channels in t o t a l .  The s p e c t r a l  e f f i c i e n c y  o f  the systems 
was low s ince f r equencies  could only be used a t  vast  d i s ­
tances,  e s p e c i a l l y  in the low VHF band. In t h i s  respect ,  
the  in t r o d u c t io n  o f  12.5kHz channels v i r t u a l l y  removed any 
advantage o f  angle modulat ion since the cap ture  e f f e c t  had 
p r a c t i c a l l y  vanished.
2 . 3 . 2  MULTIPLE BASE STATION SYSTEMS
There are count less instances where users of  mobi le  
r a d i o  need to operate  over an area g r e a t l y  exceeding the  
coverage area o f  the t y p i c a l  s i n g l e  t r a n s m i t t e r  system 
above.  Inc reas ing  t r a n s m i t t e r  power beyond a c e r t a i n  
l e v e l  provides l i t t l e  or no b e n e f i t  e s p e c i a l l y  when range 
i s  l i m i t e d  by geographica l  f a c t o r s .  One s o l u t i o n  i s  to  use 
a d d i t i o n a l  base s t a t i o n s ,  and many schemes have evolved  
u t i l i s i n g  t h i s  p r i n c i p l e .  The s implest  system to implement  
i s  to  employ e x t r a  base s t a t i o n s  c a r r y i n g  the same modula­
t i o n  but on d i f f e r e n t  f requenc ies .  The mobi le  user then 
has to  manual ly swi tch channels depending upon l o c a t i o n .  
However,  w i th  un t ra ined ra d i o  operators and coverage areas  
which are not  c l e a r l y  d e f i n e d ,  t h i s  r e s u l t s  in many l o s t  
c a l l s .  The s p e c t r a l  e f f i c i e n c y  o f  the system is  a lso poor .  
Another system is  to use co-channel  base s t a t i o n s  but w i t h  
only one op e r a t i o n a l  a t  any one t ime.  This places the
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r e s p o n s i b i l i t y  upon the f i x ed  operator  as when to s e l e c t  a 
p a r t i c u l a r  base s t a t i o n .  However, t h i s  system is  a lso f a r  
from i d e a l  s ince a lack  o f  knowledge of  the m ob i le ’ s p o s i ­
t io n  of ten  r e s u l t s  in the wrong base s t a t i o n  being  
s e le c t e d .  With the a d d i t io n  of  s e l e c t i v e  c a l l i n g  o f  
mobi les and a vot ing arrangement to access the best  base 
s t a t i o n ,  se ver a l  workable systems have evolved on t h i s  
p r i n c i p l e .  Again s p e c t r a l  e f f i c i e n c y  i s  poor ,  and b lock ing  
of  c a l l s  becomes a problem s ince only one mobi le in an 
area may be a c t i v e  at  a t ime.
More r e c e n t l y ,  systems have been proposed which do 
not  r e q u i r e  manual s e l e c t i o n  o f  channel  f o r  t h e i r  opera­
t i o n .  Of these,  spaced c a r r i e r  and quasi -synchronous sys­
tems are the most w e l l  known. In spaced c a r r i e r  Am sys-
( 2 )terns the same message i s  broadcast  from, say,  th ree  
base s t a t i o n s ,  whose c a r r i e r  f requencies  are o f f s e t  by,  
say,  - 9 , - 3  and +9 kHz from the channel  c e n t r e ,  such t h a t  
the beat  frequency i s  w e l l  ou ts ide  the audio passband* A 
r e c e i v e r  tuned to the ce n t re  frequency can then r ece ive  an 
acceptab le  s i g n a l  wi thout  adjustment  fo r  va ry ing  l o c a t i o n .  
The disadvantages are t h a t  a wider  than normal channel  
bandwidth i s  requ i red  and in te rm od u l a t i on  d i s t o r t i o n  
occurs in over lap areas.
(3 A)The quasi -synchronous approach ’ is  s i m i l a r  
except  t h a t  the o f f s e t ,  and hence beat  f requency* is
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arranged to be below the audio passband. Such a system 
wi th  o f f s e t s  o f  a few t e n ’ s o f  Hz in the VHF and UHF bands 
became possib le  wi th the advent o f  h igher  s t a b i l i t y  o s c i l ­
l a t o r s .  FM quasi -sync systems do not  perform wel l  unless 
p a r t i c u l a r  care i s  paid to modulat ion matching and t a i l o r ­
ing o f  coverage a reas .  AM schemes are workable v i t h  the  
modulat ion less we l l  matched but performance is improved 
i f  the o f f s e t  i s  reduced to only a few Hz rather  than 
t e n ’ s o f  Hz.
L ike  the s i n g l e  base s t a t i o n  systems, the high 
t r an sm i t  powers employed force co-channel  systems to be 
widely  spaced. T y p i c a l l y  then,  a f requency may 0Riy  ^e 
re-used a few t imes in a country the s i z e  o f  the UK. The 
l i m i t e d  amount o f  mobi le  ra d i o  spectrum on ly  al lows a very  
modest number o f  channels to be a l l o c a t e d  to  each user.  In 
even moderate t r a f f i c  areas the channel  occupancy is high 
and there  e x is t s  a high p o s s i b i l i t y  t h a t  there  w i l l  he no 
channels a v a i l a b l e  when a user wishes to p lace  a c a l l .  In 
such systems there  comes a t ime when no growth i s  possible  
unless f u r t h e r  channels become a v a i l a b l e .  This can only  
occur i f  f u r t h e r  spectrum is  a l l o c a t e d  t o  mobi le rad io  ° r  
a f u r t h e r  reduct ion in channel  spacing i s  c a r r i e d  out .  
Fur ther  VHF or UHF spectrum is  u n l i k e l y  due to compet i t ion  
from other  users,  a l though there  have been proposals to 
use spectrum in the 60GHz band A s p l i t  to 12.5kHz
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channels a t  UHF is  poss ib le  i f  the corresponding equipment  
f requency s t a b i l i t y  can be economical ly  achieved,  but the  
i n t r o d u c t i o n  o f  6 .25  or 5kHz channels would e n t a i l  the use 
of  r a d i c a l l y  d i f f e r e n t  modulat ion methods ( e g .  SSB or low 
b i t  r a t e  d i g i t a l  speech) which s t i l l  have outstanding  
p r a c t i c a l  d i f f i c u l t i e s .
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2 . 4  TRUNKED SYSTEMS
2 . 4 . 1  PRINCIPLES
The absolute  maximum number of  simul taneous c a l l s  
t h a t  can be handled by any mobi le rad i o  system in any area  
wi thout  frequency re -use  i s  equal  to the t o t a l  number of  
a l l o c a t e d  channels .  Convent ional  systems employ high 
t r a n s m i t  powers making re -use d istances enormous, hence 
the t r a f f i c  per u n i t  area must be kept  low.  Much higher  
ca pa c i ty  may be achieved i f  the power and hence the re -use  
d i s ta nc e  i s  s u b s t a n t i a l l y  decreased.  Grea te r  s p e c t r a l  
e f f i c i e n c y  r e s u l t s  s ince the increased ca pa c i ty  is  
obtained wi thout  a d d i t i o n a l  channels.
This p r i n c i p l e  forms the basis o f  the c e l l u l a r  rad io
(5 )concept . Each base s t a t i o n  provides coverage o f  r e l a ­
t i v e l y  smal l  area ( c e l l )  which may be as l i t t l e  as h a l f  a 
km across.  A d d i t i o n a l  base s t a t i o n s  on d i f f e r e n t  f requen­
c ie s  prov ide coverage of  ad jacent  c e l l s  as shown in 
f i g . 2 . 2 .  At a s u i t a b l e  d is tance  away, a frequency may be 
re-used-,  eg. A1 and A2 in f i g . 2 . 2 .  I f  the re  are  n c e l l s  
using d i f f e r e n t  f requencies  and a t o t a l  o f  N channels  
a v a i l a b l e  , then nomina l ly  N/n channels are a v a i l a b l e  per  
c e l l .  Mobi les are ab le  to t r an s c e iv e  on any o f  the N chan­
n e l s ,  made poss ib le  by the advent o f  low cost  frequency  
s y nt h es is .  Hence communication wi th  a mobi le can be main-
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Qj  • t th c e l l  ualng channel group Q 
•  Tranemltter  locat ion
F i g . 2 .2  C e l lu la r  layout showing p r in c ip le  o f frequenoy re-uee
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t a in ed  over the e n t i r e  c e l l u l a r  network,  r a t h e r  than j u s t  
in the area served by the l o c a l  base s t a t i o n ( s ) '  as w i th  
convent iona l  systems. This f a c i l i t y  involves  automat ic  
channel  changeover as a mobi le t raverses  a c e l l  boundary,  
a process known as ’ h a n d - o f f ’ . Thus the c e l l u l a r  concept  
has the fe a tu res  o f  high t r a f f i c  densi ty  and broad cover ­
age, made poss ib le  a t  the expense of  an increased number 
of  base s t a t i o n s  and the p rov is ion  of  a smal l  number o f  
h i gh ly  complex system management and swi tch ing s t a t i o n s .
As the t r a f f i c  demand in a c e l l  increases the capa­
c i t y  o f  the c e l l ’ s (N /n )  channels w i l l  e v e n t u a l l y  be 
reached.  Fur ther  growth in t r a f f i c  w i th in  the c e l l  w i l l  
r e q u i r e  a r e v is io n  o f  c e l l  boundaries so t h a t  the area  
p r ev io u s l y  regarded as a s i n g l e  c e l l  can u t i l i s e  a d d i ­
t i o n a l  channel  s e t s .  A process c a l l e d  ’ c e l l - s p l i t t i n g ’ 
s a t i s f i e s  these requi rements .  F i g . 2 . 3 ( a )  shows the  
arrangement a f t e r  one c e l l  ( p re v io u s ly  F I )  has been s p l i t  
i n t o  four sma l le r  c e l l s  (B6 ,C 6 , h6 and 16 ) .  As the t r a f f i c  
demand grows f u r t h e r  c e l l s  may be s p l i t  u n t i l  e v e n t u a l l y  
the e n t i r e  area w i l l  have been converted i n t o  sm a l le r  
c e l l s  ( f i g . 2 . 3 ( b ) ) .  In p r a c t i c e ,  the m o d i f i c a t i on s  to the  
c e l l  s t r u c t u r e  may not  be q u i t e  as dramat ic  as above.  
Obviously ,  f u r t h e r  s p l i t t i n g  of  these smal le r  c e l l s  may 
t ake  p lace when the t r a f f i c  demand again exceeds the capa­
c i t y .  The o v e r a l l  b e n e f i t  i s  t h a t  decreasing the c e l l  area
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Fig.2.5(d) Cdllul&r lay oat llluttratlng «arly •taQ» of c»Il •plltttnp
i : i cell using channel set Q
F i g . 2 . 5(b) C«I lul&r layout t l l m t r a t l n f l  adv&ncdd •  t&Q» of o # l l  i p l l t t l n o .
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al lows the system to ad jus t  to a growing t r a f f i c  demand 
de ns i ty  ( i e .  s imul taneous c a l l s  per u n i t  a rea )  w i thout  
f u r t h e r  s p e c t r a l  requ i rements .  In a d d i t i o n ,  the v a r i a t i o n  
of  t r a f f i c  dens i ty  over ,  say,  urban and r u r a l  areas,  may 
be accommodated be p r ov id ing  smal l  and l a r g e  c e l l s  respec­
t i v e l y .
2 . 4 . 2  PRACTICAL SYSTEMS
There are se ve ra l  c e l l u l a r  systems in opera t ion  
throughout  the world opera t ing in the 450 and 900Mhz 
bands. Frequency modulat ion i s  adopted fo r  i t s  capture  
e f f e c t  which provides some co-channel  i n t e r f e r e n c e  p r o t e c ­
t i o n .  Each c e l l u l a r  system has o r i g in a t e d  from a d i f f e r e n t  
source and as such d i f f e r s  in many areas from a l l  the o th ­
e r s .  One p a r t i c u l a r  area of  d i f f e r e n c e  i s  in the ha n d -o f f  
and other  system management p rotocols  and s t r u c t u r e s .
A modi f ied form o f  the Automatic Mobi le  Telephone 
System (AMPS) has been adopted as the f i r s t  generat ion  
c e l l u l a r  system in the UK and is  known as To ta l  Access 
Communication System (TACS) This system al lows fo r
1000 f u l l - d u p l e x  25kHz channels in the 900MHz band to be 
shared between the two oper a to rs ,  Racal -Vodafone and B r i t ­
i sh  Te lecom-Secur icor . The former has adopted a c l u s t e r  
s i z e  o f  7,  which i s  a compromise between the co-channel  
and t runk ing  e f f i c i e n c y  requ irements .  A peak frequency
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d e v ia t i o n  of  + 9 . 5kHz fo r  voice s i g n a ls ,  wi th a frequency  
arrangement which does not  permi t  ad jacent  channels in the  
same c e l l ,  serves to eq ua l i se  the median l e v e l s  o f  
ad ja c e n t -  and co-channel  i n t e r f e r e n c e .
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CHAPTER THREE
INTERMODULATION IN MOBILE RADIO SYSTEMS
3.1  INTRODUCTION
In te rmo du la t ion  products ( IMP ’ s)  are formed when one 
or more input  s igna ls  i n t e r a c t  in a n o n - l i n e a r  network to  
produce s igna ls  of  f requencies  other  than those present  in 
the o r i g i n a l  waveform (se c t io n  3 . 2 ) .  W h i l s t ,  fo r  example,  
t h i s  process is  fundamental  to the operat ion o f  frequency  
mixers and modulators,  i t  i s  ext remely unde s i r ab l e  in the  
vast  m a j o r i t y  o f  other  systems. Since a l l  p r a c t i c a l  dev­
ices e x h i b i t  n o n - l i n e a r i t y  to a g r e a te r  or l e s s e r  e x t e n t ,  
i t  i s  o f  foremost concern in system design to be able to  
p r e d i c t  the i n t e r f e r e n c e  r e s u l t i n g  in the expected o p e r a t ­
ing co n d i t io n s .
In te r mod u l a t i on  i n t e r f e r e n c e  i s  f r e q u e n t l y  t r o u b l e ­
some in mobi le  r ad io  systems, which i n v a r i a b l y  u t i l i s e  the  
a v a i l a b l e  spectrum by the t r a d i t i o n a l  approach of  sub­
d i v i s i o n  i n t o  a number of  narrow-band channels .  The prob­
lem is  e s p e c i a l l y  acute when geographica l  or o ther  f a c t o rs  
force many users to share f a c i l i t i e s  a t  a common base s t a ­
t i o n  s i t e  ( s ec t i on  3 . 3 ) .  In such c i rcumstances,  c e r t a i n  
channels may be complete ly  swamped, al though o f ten  only  
i n t e r m i t t e n t l y ,  by i n t e r f e r e n c e  thus se vere ly  im pa i r in g  
t h e i r  intended use.
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Although measures may be taken (section 3 . 4 . 1 )  to 
reduce the l e v e l  o f  IMP’ S generated in t r a n s m i t t e r  out ­
pu ts ,  the r e  i s  l i t t l e  which may be economical ly  achieved
to a l l e v i a t e  r e c e i v e r  generated i n t e r f e r e n c e  (s ec t i on
3 . 4 . 2 ) .  In c e r t a i n  cases,  the only s o lu t io n  is to avoid
opera t ion on channels p a r t i c u l a r l y  prone to i n t e r f e r e n c e .  
To t h i s  end, var ious in te rmodu la t ion  ’ f r e e *  f requency  
l i s t s  have been der ived but the re  i s  an immediate s p e c t r a l  
e f f i c i e n c y  pena l ty  which r i s e s  sharply  as the number of  
channels requ i red  in a given area increases (s ec t i on
3 . 4 . 3 ) .  Even wi th  the use o f  such groups,  high order  non-  
l i n e a r i t i e s  or f reak  cond i t ions may s t i l l  impai r  opera­
t io n  .
An a l t e r n a t i v e  approach is  to  a l l o c a t e  a much smal ler  
number of  wideband channels ,  t y p i c a l l y  many 100 ’ s o f  kHz 
wide.  Each channel  i s  then shared amongst a number of  
users by a process other  than FDM, eg. a t ime m u l t i p l e x i n g  
system. In t h i s  way the t o t a l  number o f  po ss ib le  in termo­
d u l a t i o n  products may be g r e a t l y  reduced (s e c t io n  3 . 5 ) .
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3 . 2  FORMATION OF INTERMODULATION PRODUCTS
The response,  y ( t ) ,  o f  a t y p i c a l  n o n - l i n e a r i t y  to an 
input  s i g n a l ,  x ( t ) ,  can be expressed by the polynomial  
expansion
y ( t )  = Ag + Axx ( t )  + A2x2 ( t )  + ............  ( 3 . 1 )
p rov id ing  I x ( t )  | < 1
This may be r e w r i t t e n  in compact form as
00
y ( t ) = ) A xn( t )  ( 3 . 2 )
n=0 n
In a p e r f e c t  l i n e a r  system, a l l  c o e f f i c i e n t s  except A^  are  
zero .  However, a p r a c t i c a l  ’ l i n e a r ’ system w i l l  have other  
non-zero components, a l though i t  i s  poss ib le  to in t roduce  
a f i n i t e  l i m i t ,  N, such t h a t  a l l  c o e f f i c i e n t s  o f  order
gr e a te r  than N are n e g l i g i b l e .  N i s  then known as the
degree of  the po lynomial .  Thus
y ( t )  = ) A xn ( t )  ( 3 . 3 )
n=0 n
The output  o f  the n o n - l i n e a r i t y  when the input  con­
s i s t s  o f  a s in g le  s i n us o i d ,  a cos^m*'  + jzfJ , is
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aA_ r
y ( t )  = Aq + aA1cosj^o)mt  + jzf] + + c ° s [2a)mt + 2
aA
+ - 2 1  c o s ^ t  + if]
aA.
cosj^w^t + 3rfj + cos^w^t + ( 3 . 4 )
For a two tone in p u t ,  acosjw^t  + jzfl] + bcosfu^t  + jzte] , the  
nth order  output ,  y C t ) is  given by
a cosjw^t  + jzflj + b cosjw t  + jzf2j ( 3 . 5 )
The expansion o f  t h i s  expression i s  t edious and is  
f u r t h e r  compl icated in p r a c t i c e  by AM-PM conversion e t c .  
which involves  the use of  complex c o e f f i c i e n t s ,  An=Rn+ j X n » 
The ev a lu a t i o n  o f  component magnitudes involves  complex 
ana ly s is  but considerab le  i n s i g h t  may be gained from a 
knowledge of  j u s t  the f requencies  of  the in termodula t ion  
products.  I f  the ampl i tudes and phases of  the components 
in eqn.3 .5  are ignored then
yR( t )  = [cosu^t + cosa)2 t ] n ( 3 . 6 )
which can be expressed as the summation
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r2]L* Jyn( t )  = ) cosiu),t  . cos(n-i)u)  t  ( 3 .7 )
i = l  ^
Expansion of th is  equation is  s t i l l  complicated for  large  
n but the in term odu la t ion  frequencies may be evaluated by 
the fo l low ing  piece-meal process Any p a r t i c u l a r  nth
order component has a frequency, Fn , given by
F = ) +f, ( 3 . 8 )
n j ^ i  - k
where f. is  any of  the input f requencies .
K
Hence any n^h order product has a frequency composed of  
the combination of  n input f requencies .  For n=3 and 
f  > f  ^  , the r e s u l t in g  p o s i t i v e  frequency combinations are
f l ’ V 2 f r f 2 ’ 2f2 ”f 1 * 3V 3 f 2 ’ 2 f l  + f 2 and 2 f 2 + f l  35
shown in f i g . 3 . 1 ( a ) .
Both the number and range of  in term odula t ion  frequen­
cies increases d ra m a t ic a l ly  as n increases .  In a d d i t io n ,  
i f  the input s igna ls  are modulated then the in termodula­
t io n  products are bands of  in te r fe r e n c e  ra th e r  than 
d is c r e te  f requencies .  I f  a l l  the input s igna ls  have equal 
bandwidth, B, then the width of  each in term odu la t ion  band 
is  nB as shown in f i g . 3 . 1 ( b ) .
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F l a . 5 .1 (b ) I l lo t t r a t in g  b ro w n in g  of In U r fT t n o *  bind, yh«n 
co«Pon«nt • la n a lt  h* y  ■odulitton bandwidth at iL.
3 . 3  INTERMODULATION GENERATION MECHANISMS IN CONVENTIONAL
MOBILE RADIO SYSTEMS
3 . 3 . 1  BACKGROUND
H i s t o r i c a l l y ,  the var ious  users o f  mobi le  ra d io  have 
been accommodated w i th in  the a v a i l a b l e  spectrum by sub­
d i v is io n  o f  the a l l o c a t e d  frequency bands in t o  d i s t i n c t  
channels by f r e q u e n c y - d iv is io n  m u l t i p l e x i n g .  As the chan­
n e l  spacings have been p ro g re s s iv e ly  reduced in an a t tem pt  
to meet the needs o f  an ever in c re a s in g  number o f  users ,  
so the number o f  channels per given u n i t  o f  spectrum has 
inc reas ed .  Coupled w i th  the l i m i t e d  number o f  base s t a ­
t io n s ,  t h i s  has i n e v i t a b l y  re s u l te d  in  many sets  o f  equ ip ­
ment on c lo s e ly  spaced frequencies  o p e ra t in g  in c lose  
p ro x im i ty  to  one an o th er .  Such an arrangement provides  
i d e a l  c o n d i t io n s  fo r  the genera t ion  o f  la r g e  numbers o f  
in te rm o d u la t io n  products ( v i a  the process d e t a i l e d  in 3 .2 )  
whenever a n o n - l i n e a r i t y  occurs.
S ince the frequency bands a l l o c a te d  to  mobile  ra d io  
are  r e l a t i v e l y  narrow, only odd-ordered IMP’ S w i l l  gen­
e r a l l y  f a l l  w i t h in  the same band as the o r i g i n a l  s ig n a ls .  
However, even-ordered components may w e l l  f a l l  on f requen­
c ies  in  o ther  mobi le  r a d io  bands in use in  the same l o c a l ­
i t y .  Suppose four  f re q u e n c ie s ,  f^ , f 2 , f ^  , f  in  use in  
the low VHF band a re  7 7 . 0 ,  7 7 .1 ,  77 .2  and 77 .3  MHz respec­
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t i v e l y .  Second order in te rm o d u la t io n  products ,  eg. 
2 f^ e t c . ,  f a l l  in the high VHF band, w h i ls t  s i x t h  order  
products ,  eg. 3f^ + 3f^  = 462.6MHz f a l l  in the UHF band. 
There are  many t h i r d  order combinations o f  the form, 
f= 2 a-b and f= a+ b -c ,  which f a l l  on channel,  fo r  example
2 f 2 ” f i  = f 3 and f l  + f 4” ^3= f 2* these ,  the former ty pe ,
in v o lv in g  only two components is  s t a t i s t i c a l l y  more 
l i k e l y .  In a d d i t io n  th ere  are  an i n f i n i t e  number o f  o ther  
higher  odd ordered combinations which a ls o  f a l l  on chan­
n e l ,  f o r t u n a t e l y ,  most are  normally  o f  n e g l i g i b l e  magni­
tude.
There are  th re e  p r i n c i p l e  n o n - l i n e a r i t y  mechanisms in  
a mobile  ra d io  system which are  resp on s ib le  fo r  the p ro ­
duct ion  o f  IMP’ S. These are;
(1 )  In the t r a n s m i t t e r  output s tages .
(2 )  In the r e c e iv e r  f r o n t  end.
(3 )  In the surrounding metalwork o f  the antenna mast 
s t r u c t u r e .
3 . 3 . 2  TRANSMITTER OUTPUT STAGE
T ra n s m it te r  power a m p l i f i e r s ,  p a r t i c u l a r l y  those of  
FM equipment, are h ig h ly  n o n - l in e a r  and ac t  as e f f e c t i v e  
high power mixers when m u l t i p l e  s ig n a ls  are  p res en t .  This  
s i t u a t i o n  is  common w ith  c lose  spaced equipment due to
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coupl ing v ia  power s u p p l ie s ,  antenna fe ed e rs ,  r a d i a t i o n  
e t c . .  The problem is  even more acute when i n s u f f i c i e n t  
mast space forces a number o f  t r a n s m i t t e r s ,  o f ten  c lo s e ly  
spaced in frequency, to  share the same an ten na / fee der  com­
b i n a t io n .  An unwanted s ig n a l  may appear a t  a t r a n s m i t t e r  
output po r t  a t  a l e v e l  only a few dB’ s down on the o r i g i ­
na l  t ra n s m it  power. Coupled w ith  a t y p i c a l  f ig u r e  fo r  the  
t r a n s m i t t e r  mixing loss o f  only lOdB, t h i s  can cause a 
m u lt i tu d e  o f  in te rm o d u la t io n  s ig na ls  o f  a p p re c ia b le  magni­
tude to be r a d ia te d  from the antenna. Consequently, the  
performance o f  any l o c a l  r e c e iv e rs  op era t ing  on these f r e ­
quencies w i l l  be se v e re ly  im paired .  U n f o r tu n a te ly ,  due to  
the normal p o l ic y  o f  a l l o c a t i n g  channels on a simple equal  
frequency spacing b a s is ,  th e re  is  a very high p r o b a b i l i t y  
t h a t  t h is  w i l l  occur.
3 . 3 . 3  RECEIVER FRONT END
In te rm o d u la t io n  in  the f r o n t  end o f  a r e c e iv e r  is  
extremely common and a f f e c t s  both mobile  as w e l l  as base 
s t a t io n  equipment. I t  a r is e s  due to  the lac k  o f  s e le c ­
t i v i t y  in the e a r ly  stages of  the m a jo r i ty  o f  r e c e iv e rs  
and the l i m i t e d  dynamic range o f  the RF a m p l i f i e r .  The 
bandwidth o f  the RF s tage ,  p a r t i c u l a r l y  i f  the equipment 
is  m u l t ic h a n n e l ,  w i l l  be o f  the order of  Mhz and th a t  of  
the f i r s t  IF  stage ( in  double conversion s e ts )  w i l l  be 
s e v e ra l  times g r e a te r  than the channel spacing. A t y p i c a l
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dynamic range f ig u r e  would be 65dB under co n d i t io n s  o f  
maximum s e n s i t i v i t y ,  i e .  when r e c e iv in g  a wanted s ig n a l  o f  
around 0.5pV (-113dBm). Hence extraneous s ig n a ls  w i t h in
the passband o f  the RF a m p l i f i e r  and a t  a l e v e l  o f  -48dBm 
could produce d i s c e r n i b l e  in te rm o d u la t io n  in t e r f e r e n c e  in 
the f i n a l  output o f  the r e c e i v e r .  Since the magnitude of  
t h i r d  order components increases by 9dB fo r  each 3dB r i s e  
in a l l  the c o n s t i tu e n t  components, t h e i r  is  a high proba­
b i l i t y  o f  the wanted s ig n a l  being swamped complete ly  by 
i n t e r f e r e n c e .
3 . 3 . 4  BASE STATION METALWORK STRUCTURE
The t h i r d  source o f  in te rm o d u la t io n  is  assoc ia ted  
w ith  im per fe c t  j o i n t s  in the metalwork o f  the mast s t r u c ­
t u r e .  S igna ls  induced from nearby antennae are  r e c t i f i e d  
by these ju n c t io n s  and the r e s u l t i n g  in te rm o d u la t io n  pro­
ducts r e - r a d i a t e d .  Corrosion i n e v i t a b l y  occurs in  any 
s t e e l  s t r u c t u r e  and the best th a t  can be done is  to  
th rough ly  clean troublesome j o i n t s  and bond w ith  copper to  
minimise the problem.
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3 . 4  IMPLEMENTATION AND DEFICIENCIES OF INTERMODULATION
REDUCTION TECHNIQUES
3 . 4 . 1  ISOLATION OF BASE STATION TRANSMITTER OUTPUTS
3 . 4 . 1 . 1  SEPARATE ANTENNA WORKING
The s e v e r i t y  o f  the in te rm o d u la t io n  produced a t  
t r a n s m i t t e r  outputs can be lessened i f  the number or l e v e l  
of extraneous s ig n a ls  can be reduced. I f  these unwanted 
s ig n a ls  appear due to coupl ing between the a e r i a l  and 
feeder  networks, then b e n e f i t  may be obtained by g r e a te r  
antenna spacing and/or  by p lac in g  i s o l a t o r  components a t  
the t r a n s m i t t e r  ou tpu ts .  I f ,  however, coupl ing p r i n c i p a l l y  
occurs by other  means, eg. poor screening or common power 
s u p p l ie s ,  then these measures w i l l  have l i t t l e  or no
e f f e c t .
I s o l a t i o n  between t ru e  o m n i - d i r e c t io n a l  antennae  
depends pure ly  on s e p a ra t io n  by the normal inverse  square  
law. F re q u e n t ly ,  however, d i r e c t i o n a l  a e r i a l s  are  employed 
and g re a te r  i s o l a t i o n  may be achieved i f  antennae can be 
placed in the n u l l s  o f  o th e rs .  I f  t h i s  were po ss ib le
around 50dB could be achieved a t  6 m spacing However,
t h is  method can only be used fo r  a very l i m i t e d  number of  
antennae and is  frequency dependent. T y p i c a l l y ,  the best
i s o l a t i o n  th a t  can be achieved is  some 28dB a t  6 m and 48dB
a t  60m antenna spacing
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Two types of  component may be placed a t  a t r a n s m i t t e r  
output to increase  i s o l a t i o n ,  the choice depending upon 
the frequency s e para t ion  o f  the wanted and o f fend ing  s i g ­
n a ls .  The f i r s t  component is  the f e r r i t e  c i r c u l a t o r ,  which 
i s  b a s i c a l l y  a th ree  p o r t  device which i d e a l l y  c i r c u l a t e s  
power from one p o r t  to another in one d i r e c t i o n  but not  
the o th e r .  I t  is  arranged th a t  t r a n s m i t t e r  power is  
t r a n s f e r r e d  to  the antenna w h i ls t  reverse  power ( in c lu d in g  
both mis-match and in c id e n t  power a t  the antenna) is  c i r ­
c u la te d  to the dummy load connected to  the t h i r d  p o r t .  
There is  t y p i c a l l y  a forward loss of  0.5dB and a reverse  
i s o l a t i o n  o f  25db in a s in g le  dev ice ,  although two or more 
may be cascaded to ob ta in  b e t t e r  r e j e c t i o n .  The i s o l a t i o n  
drops to  around lOdb and the i n s e r t io n  loss a lso  r i s e s  a t  
+2% from the ce n tre  frequency th e r e fo r e  l i m i t i n g  the use 
of  the device to c lo s e ly  spaced t r a n s m i t t e r  f req uen c ies .  
Power handl ing is  a ls o  l i m i t e d  by the need to  keep the  
dummy load w e l l  matched to prevent  excess power being r e ­
c i r c u l a t e d  to  the t r a n s m i t t e r  output p o r t .
The second component is  the high Q c a v i t y  reso nato r .  
This cons is ts  o f  a X/4 (o r  3X/4 e t c . )  rod in s id e  a 
resonant c a v i t y  w ith  power t r a n s f e r  by means o f  coupl ing  
loops.  The dimensions o f  the c a v i t y  and the degree of  
coupl ing may be v a r ie d  to op t im ise  the unloaded Q or 
i n s e r t i o n  loss fo r  a p a r t i c u l a r  a p p l i c a t i o n .  G en era l ly
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some 20-30dB of  r e j e c t i o n  is  a v a i l a b l e  a t  +1% from the  
ce n tre  frequency w ith  a ldB in s e r t io n  loss fo r  Q’ s o f  a 
few thousand. As w i th  the c i r c u l a t o r ,  g re a te r  i s o l a t i o n  
may be obtained by cascading dev ices .  The resonator  is  
s u i t a b l e  only fo r  w ide ly  spaced t r a n s m i t t e r  f requencies  
due to the l i m i t e d  Q which can be ob ta ined .  High Q resona­
to rs  can be very bulky e s p e c ia l l y  a t  VHF. They a lso
r e q u i r e  c a r e f u l  tun ing and are  prone to  d r i f t .  A combina­
t io n  o f  i s o l a t o r s  and c a v i t i e s  is  commonly employed to  
prov ide r e j e c t i o n  o f  a range o f  t r a n s m i t t e r  f req uen c ies .
3 . 4 . 1 . 2  COMMON ANTENNA WORKING
This s i t u a t i o n  is  f re q u e n t ly  encountered due to a 
lack  o f  mast space on communal s i t e s .  I s o l a t i o n  of  
t r a n s m i t t e r  outputs is  a more c h a l le n g in g  engineer ing  task  
than w ith  i n d i v i d u a l  antennae. Of s p e c ia l  s ig n i f i c a n c e  is  
the c e l l u l a r  base s t a t i o n  in which th e re  are many
t r a n s m i t t e r s  on very c lo s e ly  spaced f req uen c ie s .
U n l ik e  the case fo r  separa te  antennae, combining by 
means o f  i s o l a t o r s  alone leads to  cons iderab le  power being 
wasted in the i s o l a t o r  dummy loads .  For example, i f  two 
t r a n s m i t t e r  outputs are  combined in  t h is  way, f i g . 3 . 2 ( a ) ,  
one h a l f  o f  each t r a n s m i t t e r ’ s power is  c i r c u l a t e d  to  the  
a e r i a l  w h i ls t  the remainder is  d is s ip a te d  in  the other  
dummy load .  Widely spaced t r a n s m i t t e r  f requencies  may be
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load
Ftp . 5 . 2 Ci) I n « H l o t » n t  ooabtnlnp of two t r 4 n t » i t t « r «  m tn o  U o l f c t o y .
cavtty
F tp . 3 .2 ( b )  C o* b tn tno  of w id e ly  p p io td  t r m i t t t i n  a t  Up o iv t t y  f l l t t y .
isolator
F tp .  3 . 2 ( c )  I n o y c t l n p  I t o U t l o n  of (b) u t ln p  c d d l t l o n i l  i t o U t o M
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combined using s in g le  or cascaded c a v i t y  resonators  
w ithou t  loss of  power ( f i g . 3 . 2 ( b ) )  as w ith  separate  anten­
nae. I s o la t o r s  may be added to t h i s  arrangement  
( f i g . 3 . 2 ( c ) )  to g ive  a d d i t i o n a l  i s o l a t i o n  when the spac-  
ings are  g re a te r  than a few percent o f  the transmission  
f r e q u e n c ie s .
Where i t  is  necessary to  combine c lo s e ly  spaced f r e ­
quencies as in c e l l u l a r  systems, a more complex a r rang e­
ment in v o lv in g  a hybr id  combiner is  necessary.  The hybrid  
can combine two c lo s e ly  spaced frequencies  w ith  around 
25-30dB of  i s o l a t i o n .  There i s ,  however, an in h e ren t  3dB 
loss o f  power in the dummy load .  A t y p i c a l  arrangement  
which might be used a t  c e l l u l a r  base s t a t io n s  is  shown in 
f i g . 3 . 3 .  S igna ls  are combined in two groups using c a v i t i e s  
and i s o l a t o r s  in each group. A l t e r n a t e  frequencies  are  
combined in each group such th a t  the e f f e c t i v e  frequency  
spacing is  doubled. However the loss in such an ar range­
ment may be around 7-8dB. This p r i n c i p l e  can be extended
to more l e v e ls  o f  combining which r e l i e v e s  the r e q u i r e ­
ments o f  the c a v i t i e s  but a t  the expense o f  an e x t r a  3dB
hybrid  loss fo r  each a d d i t i o n a l  l e v e l .  For a given f r e -
(5 )
quency spacing th e re  may be an optimum arrangement  
which minimises the i n s e r t i o n  lo s s .







Flfl .3 .3  Combining of  o lo t t ly  tp&otd i r a n t a l t t T  fr*qu»noi»t 
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3 . A . 2 REDUCTION OF RECEIVER INTERMODULATION
Although the i s o l a t i o n  o f  t r a n s m i t t e r  outputs d i s ­
cussed above g e n e r a l ly  reduces the number o f  in te rm odu la ­
t io n  products ,  i n t e r f e r e n c e  can s t i l l  occur in the  
re c e iv e r  due to  i n s u f f i c i e n t  f r o n t  end s e l e c t i v i t y  and 
dynamic range. The RF s e l e c t i v i t y  o f  s in g le  channel  
equipment may be increased by the use o f  a s u i t a b l e  c a v i ty  
f i l t e r ,  but t h is  is  o f  l i t t l e  use in m u l t i -c h a n n e l  equip­
ment. In the l a t t e r  case a high Q f i l t e r  which is  ad justed  
according to  the re c e iv e  frequency is  r e q u i re d ,  but the  
t r a c k in g  o f  such a device  e s p e c ia l l y  w ith  temperature  
would be extremely d i f f i c u l t  to  m a in ta in .  I t  is  a lso  
im p r a c t ic a l  to  in creas e  the dynamic range o f  the r e c e iv e r  
much above the 70dB c u r r e n t l y  o b ta in a b le .
Where the in te rm o d u la t io n  is  less  severe such as to  
cause occasional  unwanted outputs from the r e c e i v e r ,  the  
use of  s e l e c t i v e  c a l l i n g  f a c i l i t i e s  may help to  a l l e v i a t e  
the problem. The r e c e iv e r  audio output is  then muted 
u n t i l  i t  rece ives  the c o r r e c t  c a l l i n g  sequence, h o p e fu l ly  
only from the wanted s ig n a l  not due to the in t e r f e r e n c e .
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3 . 4 . 3  INTERFERENCE FREE FREQUENCY GROUPS
3 . 4 . 3 . 1  CONVENTIONAL SYSTEMS
The most common p o l ic y  of  frequencing p lanning is  
based on the simple approach o f  a l l o c a t i o n  of  channels on 
an equal spacing b a s is ,  which leads to  a g re a t  number of  
odd-ordered IMP’ S f a l l i n g  upon used channels .  I f  the spac­
ing is  v a r ie d  such t h a t  a l l  products f a l l  upon unused f r e ­
quencies,  ( 4 , 6 , 7 )  then any in te rm o d u la t io n  is  no longer  a 
problem. However, th e re  are two main r e s t r i c t i o n s  in the  
p r a c t i c a l  a p p l ic a t io n  o f  t h i s  technique;
(1 )  only 3rc* and o c c a s io n a l ly  5 ^  order n o n - l i n e a r i t i e s  
can r e a l i s t i c a l l y  be ca tered  f o r ,  and
( 2 ) the assumption is  made th a t  only a l i m i t e d  number of
f requencies  are  present  in  the p a r t i c u l a r  area of
i n t e r e s t .
Various a lgor i thm s have been proposed fo r  the c a lc u ­
l a t i o n  o f  l i s t s  o f  in te rm o d u la t io n  ’ f r e e ’ frequencies  of  
various s i z e s .  These are  normally  l i m i t e d  to  t h i r d  order  
( i e .  freedom from 2 a - b ,  a+b-c products)  to reduce computa­
t i o n a l  e f f o r t .  Table  3 .1  shows the s iz e  o f  the block of
f re q u e n c ie s ,  N, re q u ire d  to  produce n t h i r d  order compati­
b le  frequencies  fo r  minimum spacings between any two chan­
nels  o f  one (a d ja c e n t  channels a l low ed)  and two (no
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ad jac ent  channels)
I t  can be seen th a t  the t o t a l  number o f  channels  
requ ired  r is e s  sharp ly  as the number o f  in t e r f e r e n c e  f r e e  
channels in cre as e s .  The s p e c t r a l  e f f i c i e n c y  worsens s t i l l  
f u r t h e r  when freedom from 5 ^  order products is  r e q u ire d .  
The minimum t o t a l  is  then 13 fo r  4 channels and 26 fo r  5 
channels .
3 . 4 . 3 . 2  CELLULAR SYSTEMS
In c e l l u l a r  systems (c h a p te r  2 .3 )  the arrangement of  
channels in c e l l s  a l lows somewhat more e f f i c i e n t  s p e c t ra l  
u t i l i s a t i o n  to  be achieved a t  the expense o f  t i g h t  base 
s t a t io n  t r a n s m i t t e r  combiner requ irem ents .  The f e a s i b i l ­
i t y  o f  t h i r d  order c o m p a t i b i l i t y  w ith  2 0 0  a v a i l a b l e  chan­
nels has been considered by Gardiner  C lu s te r  s ize s  o f
4 ,7  and 12 and var ious  minimum i n t r a - c e l l  channel spacings 
were considered ,  t h i s  l a t t e r  parameter de term in ing the  
t r a n s m i t t e r  combiner requ irem ent .  With a c l u s t e r  s iz e  o f  7 
and minimum spacing o f  12, only 46.5% of  the a v a i l a b l e  
channels can be u t i l i s e d .  This f ig u r e  increases to 56% 
when the spacing is  reduced to 8 . A more e f f i c i e n t  
arrangement is  p o ss ib le  fo r  12 c e l l  c l u s t e r s .  With a spac­
ing o f  8 , approx im ate ly  95% of  the channels can be used> 
and th e re  is  l i t t l e  advantage in  going to sm a l le r  spac­
ings.  There are two drawbacks invo lved  w ith  t h i s  l a t e r
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Channels Required S ize  o f  block o f  channels
n N










Table 3.1.: S ize  of block of continuous channels  
requ ired  to  g ive  n t h i r d  order in te rm o d u la t io n  f re e  
channels both w ith  and w ithout  ad jacent  channels
a l lo w e d .
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system;
(1 )  The i n t e r  channel spacing of only 200kHz places  
severe requirements on the m u l t i - c o u p le r  a t  900MHz. 
With e x is t i n g  technology losses in the region o f  8 -  
10dB can be expected in each t ra n s m it  path  
A l t e r n a t i v e l y  the i s o l a t i o n  between outputs must be 
reduced, lea d in g  to  g re a te r  in te rm o d u la t io n  thus 
negat ing any o ther  b e n e f i t s .
(2 )  Channels may not be t r a n s f e r r e d  from one c e l l  to  
another .  This is  a cons iderab le  d isadvantage,  s ince  
i t  is  f r e q u e n t ly  d e s i r a b le  to  be ab le  to  a d ju s t  the  
number o f  channels per c e l l  in  sympathy w ith  the  
non-uniform user d i s t r i b u t i o n .
Hence although p ro v id in g  t h i r d  order compatib le f r e ­
quency a l l o c a t io n s  fo r  c e l l u l a r  systems is  more s p e c t r a l l y  
e f f i c i e n t  than non-trunked systems, the p r ic e  to  be paid  
in  o ther  areas ( p a r t i c u l a r l y  in the t r a n s m i t t e r  combiners)  
i s  h igh .  Suppression o f  in te rm o d u la t io n  in t e r f e r e n c e  
t h e r e f o r e  depends upon the degree o f  i s o l a t i o n  o b ta in a b le  
between t r a n s m i t t e r  outputs and the in h e re n t  muting of  
re c e iv e rs  between periods o f  use.
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3 .5  WIDEBAND SYSTEMS
I f  the frequency spectrum a v a i l a b l e  to  a p a r t i c u l a r  
group of  users is  sub-d iv ided  in t o  a r e l a t i v e l y  small  
number o f  wideband channels as opposed to the convent iona l  
approach, the problem of  in te rm o d u la t io n  is  lessened con­
s i d e r a b l y .  The message s ig n a ls  from a number of  users are  
then combined onto a s in g le  wideband bearer  using some 
form o f  time m u l t i p l e x i n g .  The system then has super io r  
s p e c t r a l  e f f i c i e n c y  and /or  s i m p l i f i e d  base s t a t io n  design
compared w ith  an e q u iv a le n t  fdm system, p rov id in g  the time
m u l t i p le x in g  process i t s e l f  is  s p e c t r a l l y  e f f i c i e n t .
Considering a c e l l u l a r  arrangement, the o r i g i n a l  TACS 
system uses a maximum o f  297 channels ( f o r  urban areas)
arranged in to  21 groups w ith  a constant  spacing o f  525kHz
(21x25kHz) between channels o f  the same group ( c e l l ) *  
Hence, although a l l  the a v a i l a b l e  spectrum is  used, the  
co n d i t io n s  are id e a l  fo r  troublesome i n t r a - c e l l  intermodu­
l a t i o n  (s e c t io n  3 . 3 ) .  The complex base s t a t io n  combining 
procedures used serve to  reduce the degree o f  t r a n s m i t t e r  
generated in te rm o d u la t io n ,  but r e c e iv e r  generated products  
are  s t i l l  a problem.
An a l t e r n a t i v e  wideband system could s t i l l  have 21 
'g ro u p s ’ (and hence would r e t a i n  the c e l l  assignment pro­
p e r t i e s  o f  the c u r re n t  system) but each 'g roup '  would now
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be a s in g le  channel approximate ly  250kHz wide. Since there  
would be only one frequency bearer  per c e l l ,  in te rm odula ­
t io n  would not be a problem. Severa l  proposed pan-European 
c e l l u l a r  systems (ch ap te r  1 . 4 . 1 )  u t i l i s e  t h is  p r i n c i p l e ,  
w ith  channel spacings ranging from 250kHz to  6 MHz using  
TDMA as the m u l t i p le x in g  techn ique .  The l a t t e r  6 MHz chan­
n e l  system is  an example of  the s in g le  's u p e r '  channel  
c e l l u l a r  system, which has the a d d i t i o n a l  advantage of  
a ls o  avoid ing  i n t e r - c e l l  in te rm o d u la t io n .  The p r i n c i p a l  
problem w ith  these TDMA systems is  the high data  r a t e  
re q u ire d  fo r  the d i g i t a l  speech. Hence freedom from i n t e r ­
modulat ion is  obtained a t  the expense o f  i n f e r i o r  s p e c t r a l  
e f f i c i e n c y  compared to the TACS 25kHz channel non­
in te rm odulat ion  f r e e  frequency assignment. However, a 
bandwidth e f f i c i e n t  analogue technique such as t im e -  
compression m u l t i p le x in g  w ith  a wideband FM bearer  o f fe r s  
a p o t e n t i a l l y  more a t t r a c t i v e  s o lu t io n  to  the problem.
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CHAPTER FOUR
TIME- CQMPRESSIQN MULTIPLEXING
4 .1  INTRODUCTION
Time-compression m u l t ip le x in g  (TCM) is  a technique o f  
combining s e v e ra l  baseband s ig na ls  by c o n t r a c t in g  t h e i r  
waveforms in time such t h a t  they may be t ra n s m it te d  over a 
common communications channel .  I f  R incoming message s i g ­
na ls are  f i r s t  pa r t ion ed  in t o  segments o f  du ra t io n  T, then  
time compression by a f a c to r  o f  R al lows a l l  the s ig n a l  
segments to be in te r le a v e d  upon a s in g le  b e a re r .  Subse­
quent time expansion a f t e r  t ran sm iss ion ,  by the same f a c ­
t o r ,  r e c re a te s  the o r i g i n a l  continuous s ig n a ls .  Since both 
time compression and expansion processes are  n e c e s s a r i ly  
in v o lv e d ,  a more a p p ro p r ia te  t i t l e  would be t im e -  
companding m u l t i p l e x i n g ,  but the former t i t l e  w i l l  be
r e ta in e d  fo r  c o m p a t i b i l i t y  w ith  o ther  work.
TCM is  by no means a new techn ique .  I t s  uses da te
back over 1 0 0  years a lthough the f i r s t  a p p l ic a t io n  fo r
( 2 )te lephony was patented by Veaux in 1943 . This was f o l ­
lowed by s e v e ra l  o ther  proposals ,  but i t  was not u n t i l
1964 t h a t  the r e s u l t s  o f  any s i g n i f i c a n t  p r a c t i c a l  work 
were published (F lood and U rq u h a r t -P u l le n  ^ ) .  However, 
t h i s  e a r ly  work rece ived  l i t t l e  a t t e n t i o n  due l a r g e l y  to  
p r a c t i c a l  d i f f i c u l t i e s .  I t  was not u n t i l  the mid-
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s e v e n t ie s ,  w ith  the development o f  the charge-coupled-  
device  (CCD) a l lo w in g  simple companding c i r c u i t s  to be 
produced (s e c t io n  4 . 2 . 1 ) ,  t h a t  i n t e r e s t  in TCM was r e k i n ­
d le d .  Morgen and P ro to n a ta r io s  ^  (1974)  and Aniebona ^  
(1976)  published work on the basic  p r o p e r t ie s  o f  t im e -  
compressed waveforms, and more r e c e n t ly  th e re  has been 
cons iderab le  i n t e r e s t  in i t s  use fo r  systems th a t  t r a d i ­
t i o n a l l y  have employed FDM (Holbeche and Mannings and 
Eng, H as ke l l  and Schmidt ^15^ ) .  With the a v a i l a b i l i t y  o f  
low cost d i g i t a l  in te g ra t e d  c i r c u i t s  (s e c t io n  4 . 2 . 2 )  and 
the s u r fa c e -a c o u s t ic -w a v e  f i l t e r  fo r  wider bandwidth com­
panding operat ions  a p p l ic a t io n s  (s e c t io n  4 . 2 . 3 ) ,  t im e -  
compression m u l t i p le x in g  has become a ser ious  c h a l le n g e r  
to  the more w e l l  e s ta b l is h e d  TDM and FDM systems.
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4 .2  CHARACTERISTICS OF TIME COMPANDING TECHNIQUES
4 . 2 . 1  SAMPLING SYSTEMS
4 . 2 . 1 . 1  PRINCIPLE
I t  is  wel l-known t h a t  any r e a l  s ig n a l  in which the  
high frequency energy is  small  or can be reduced by 
f i l t e r i n g  can be descr ibed to  a s u f f i c i e n t  degree o f  accu­
racy by a se t  o f  s u i t a b l y  time spaced weighted impulses.  
Hence, w i th in  t h i s  r e s t r i c t i o n ,  i t  is  poss ib le  to  
represen t  each o f  the segments o f  the input  s ig n a ls  to a 
TCM system ( f i g . 4 . 1 )  by a f i n i t e  number, N, o f  eq ua l ly  
spaced samples. Now, l i n e a r  time companding can be viewed 
as a process which un i fo rm ly  v a r ie s  the time spacing of  
these samples. Hence, fo r  example, time compression may be 
co nv e n ie n t ly  achieved by te m p o ra r i ly  s t o r in g  the N samples 
compris ing one segment and subsequently  r e - t r a n s m i t t i n g  a t  
a h igher  r a t e .  I f  the o r i g i n a l  sampling r a t e  is  f  and
the new r a t e  is  f r , then the companding f a c t o r  obtained is  
f p
— . The complementary expansion process is  simply  
s
achieved by in te rc h a n g in g  the two sampling f req uen c ie s .
In p r a c t i c e ,  a sample-and-hold device  must be used to  
f a c i l i t a t e  sampling and subsequent s to rag e .  This produces 
stepped approximations to the continuous time funct ions  
and hence in troduces  a p e r tu re  d i s t o r t i o n  o f  the form
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7T f ( 4 . 1 )
where M ( f )  is  the o r i g i n a l  s ig n a l  spectrum, and M ( f )O
i s  the stepped s ig n a l  spectrum.
The r e s u l t  is  to  a t te n u a te  the higher  frequency components 
in  the input  s i g n a l .  I f  t h i s  e f f e c t  i s  excess ive ,  some 
form o f  p r e - d i s t o r t i o n  be fore  sampling or subsequent  
e q u a l is a t io n  should be employed.
4 . 2 . 1 . 2  CHARGE- COUPLED- DEVICE IMPLEMENTATION
Time-compression m u l t ip le x  systems have been
proposed which employ charge-coupled-dev ices  (CCD’ s) as 
analogue storage elements.  A f u l l  d e s c r ip t io n  o f  the te c h ­
nique may be found in a previous work j n common
w ith  c e r t a in  o ther  time m u l t ip le x in g  systems, eg. TDMa
w ith  l i n e a r  p r e d i c t i v e  speech coding, th e re  is  an in h e re n t  
processing delay in any TCM system. For the CCD techn ique ,  
the minimum delay may be determined from the clock t im in g  
diagram o f  f i g . 4 . 2 ( a ) .  The compression d e la y ,  D , is  equal
V
to  the o r i g i n a l  s ig n a l  segment le n g th ,  T, plus some f r a c ­
t i o n  o f  the f a s t  sampling p e r io d ,  ATr , dependent upon the  
r e l a t i v e  phasing o f  the two c lo cks .  S i m i l a r l y  the d e la y ,
D , in  the expansion process is  the sum o f  the compressed 
e
segment le n g th ,  T f  / f  and a f r a c t i o n ,  AT , o f  the slow
d  1 w
sampling p e r io d .
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D*=At, total delay = 1 - 1 , + A t/A t,
Fig. 4.2 (b) Tlainfl disarm for d i g i t I  — It— ntit Ion of 11— -oo— mditfl.
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There fore  the t o t a l  de lay in the system, D, is
0 = D + D_ = T + Tf  /f + AT + AT ( 4 . 2 )e c  s / r r s
Since the number o f  samples per segment, N, is  normally  
l a r g e ,  AT and AT may be ignored and the expression sim-
X  d
p l i f i e s  to
D = T + T /a  ( 4 . 3 )
where a = companding f a c t o r  = f  / fr  s
The performance o f  the CCD time-companding system is
r e s t r i c t e d  both by the na tu re  o f  the device  and by the
c h a r a c t e r i s t i c s  o f  commercia l ly  a v a i l a b l e  u n i t s .  The
f i r s t - i n  f i r s t - o u t  (F IFO) na ture  of  the memory coupled
w ith  the l i m i t e d  number of  s ize s  o b ta in a b le  reduces the
f l e x i b i l i t y  in the choice o f  sampling frequency and seg-
f 8 )ment ( f ram e)  le n g th .  T y p ic a l  parameters fo r  audio
T9)(MN3000 s e r ie s )  and video (MS1000 s e r i e s )  CCD’ s are  
are given in  Table  4 . 1 .
The r a t i o  o f  maximum-to-minimum clock frequency
determines the maximum t h e o r e t i c a l  companding r a t i o  which 
may achieved and is  t y p i c a l l y  10. However, the p r a c t i c a l  
maximum is  o f ten  much lower than t h i s  due to  two factors?
(1 )  The maximum s ig n a l  bandwidth, which must be g r e a te r  
than the product o f  the input  s ig n a l  bandwidth and
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MN3000 s e r ie s MS1000 s e r ie s
No. stages 512,3328 851 ,910 ,1 024
Min. c lock frequency 10 1 0 0
f  , kHz c *
Max. c lock frequency 1 0 0 25MHz
f  , kHz c
Input  bandwidth 
( -3dB) at
12kHz
f  =40kHz c
5MHz
T o ta l  harmonic 
d i s t o r t i o n at
0 . 4 *




f  =20kHz c
-
S i g n a l - t o - n o i s e  r a t i o  
( t y p i c a l )
80dB 40dB
Table 4 .1 :  Parameters of commercial charge coupled d e v ic e s .
-  71 -
the companding r a t i o ,  i s  t y p i c a l l y  one -quar te r  o f  
the c lock frequency (25kHz)
( 2 ) The minimum usable c lock frequency,  f c , may be con­
s id e r a b ly  h igher  than the 10kHz quoted in Table 4 .1  
as the d i s t o r t i o n  increases r a p i d l y  from the 0 . 45S at  
f  = 40kHz as the clock frequency decreases.
Hence, a r e a l i s t i c  maximum compression r a t i o  fo r  speech 
s ig n a ls  would be less  than f i v e .  The higher  speed devices  
in genera l  have poorer  noise performance but are j u s t  f a s t
enough fo r  two channel  video a p p l i c a t i o n s .
4 . 2 . 1 . 3  DIGITAL RANDOM- ACCESS- MEMORY IMPLEMENTATION
This process uses a d i g i t i s e d  form of  the input  s i g ­
na l  and a random access memory as the storage medium 
Since the d i g i t a l  memory i s  an addressable dev ice ,  th e r e  
i s  a g r e a te r  degree o f  r e a d / w r i t e  f l e x i b i l i t y  than w i th  
the analogue techn ique.  This has two bene f i t s?  f i r s t l y  
only a s i n g l e  RAM is  requ i red  in the implementat ion  
and secondly,  the o v e r a l l  processing delay may be reduced.
The optimum t iming arrangement f o r  minimum delay both
a t  the compressor ( e q n . 4 . 4 )  and a t  the expander ( e q n . 4 . 5 )
i s  shown in f i g s . 4 . 2 ( b ) .
D = T -  NT + AT ( 4 . 4 )c r  r
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De ATs ( 4 . 5 )
Now, as wi th the CCD system ATr and ATs may be ignored and 
w r i t i n g  NTr as T/a we get  the o v e r a l l  de lay ,  D + D ;
C 0
Comparing eqn .4 .6  wi th  the delay fo r  the CCD system 
( e q n . 4 . 3 ) ,  i t  can be seen t h a t  fo r  low companding r a t i o s  
t h i s  technique o f f e r s  apprec iab ly  less de lay ,  w h i l s t  fo r  
l a r g e  f a c t o r s ,  the delay o f  both the systems approaches 
the frame pe r io d ,  T. The performance o f  a p r a c t i c a l  d i g i ­
t a l  companding system depends p r i m a r i l y  of  the charac­
t e r i s t i c s  o f  the a n a l o g u e - t o - d i g i t a l  conver te r  (ADC), the  
d i g i t a l - t o - a n a l o g u e  conver te r  (DAC) and the memory. The 
two p r i n c i p a l  t r a d e - o f f  f a c to rs  are r e s o l u t i o n  and speed.  
I ndus try  standard 8 - b i t  mo no l i th ic  DAC’ s have access t imes  
under 1 0 0 ns, w h i l s t  higher  speed or g r e a te r  r e s o lu t i o n  i s  
a v a i l a b l e  a t  e x t r a  co s t .  Low power RAM’ s are now a v a i l a b l e  
wi th  access t imes under 50ns and they may be conf igured  
fo r  any s i ze  and no. b i t s .  The l i m i t i n g  performance of  
the d i g i t a l  companding system is  u l t i m a t e l y  determined by 
the performance o f  the ADC. Although 8 - b i t  conversion a t  
s ev er a l  tens of  MHz is  ach ievab le  using the newer ’ f l a s h ’ 
devices,  higher  r e s o l u t i o n  from a mon o l i th ic  device is  
c u r r e n t l y  l i m i t e d  to to  a much lower speed, e .g .  1 2 - b i t  
500kHz.  However, these c h a r a c t e r i s t i c s  can s a t i s f y  the
D = T - T /a ( 4 . 6 )
-  73 -
needs fo r  most audio work wi th companding r a t i o s  a t  l e a s t  
an order  of  magnitude g r e a te r  than the pure ly  analogue  
technique.  In general  the RAM technique is  p r e f e r a b l e  
except fo r  very sm a l l ,  eg. two channel ,  systems, when the  
e x t r a  c i r c u i t  complexi ty  and overhead is  not  j u s t i f i e d .
4 . 2 . 2  TIME VARIANT DELAY TECHNIQUE
4 . 2 . 2 . 1  PRINCIPLE
I t  i s  possib le  to conceive t ime companding as a p ro ­
cess achievable  by passing a s ig na l  through a network  
whose delay v a r i e s  w i th  t ime.  I f  the de lay  increases  
l i n e a r l y  wi th  t ime then the output  waveform i s  a l i n e a r l y  
t ime expanded vers ion o f  the i n p u t .  Conversely a de lay  
which decreases wi th  t ime r e s u l t s  in t ime compression.
Consider the h y p o t h e t ic a l  network wi th  the l i n e a r  
t ime delay c h a r a c t e r i s t i c ,  D ( t ) ,  shown in f i g . 4 . 3 ( a ) .  At a 
t ime t = 0 , the delay i s  D1 and a t  some t ime ,  T, i t  is  
0 2 (Dx > D2 ^* i s  assumed t h a t  the ampl i tude response of  
the network over t h i s  i n t e r v a l  i s  uni form.  Let  the input  
s ig n a l  to the network,  x ( t ) ,  be one segment o f  d u r a t i o n ,  
T, of  a s in g le  message input  to the TCM system. Hence the  
output  segment du ra t io n  w i l l  be T + -  D^, and the
compression r a t i o ,  a,  i s  given by
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Fig. 4 .3 (b ) T la»-o o «p rttiio n  aging thg t i — -v a ria n t <Ulay n ttvork .
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( 4 . 7 )
The complementary expansion process can be obtained wi th a 
network whose delay increases wi th  t ime.  Let  the t ime  
delay a t  t=0 be D3 , and t h a t  a t  t=T + D2 -  D , be . To 
recover  the o r i g i n a l  s ig n a l  the cond i t ions in eqn. 4 . 8  must 
be s a t i s f i e d .
The o v e r a l l  t ime delay in the system is  + D^. Now,
and D2 may not  be ne ga t iv e ,  can not  be zero .  Therefo re  
the minimum t o t a l  processing delay i s  D^. Under these  
ci rcumstances,  and the compression r a t i o  i s  given
4 . 2 . 2 . 2  SURFACE- ACOUSTIC- WAVE FILTER IMPLEMENTATION
Although,  in p r i n c i p l e ,  the technique descr ibed above 
appears to be a s impler  approach to t ime companding than 
the sampl ing system, t h e r e  i s  no p r a c t i c a l  network which 
has the r eq u i re d  response.  However, the desi red l i n e a r
( 4 . 8 )
There fo re
D1 D2 D3 D4 ( 4 . 9 )
s ince  > D^, may be made zero.  However, s ince
by
T ( 4 . 1 0 )
1
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d e la y - t im e  c h a r a c t e r i s t i c  may be synthesised using a 
l i n e a r  d i s p e rs iv e  f i l t e r  (LDF) and a Chirp pu lse .
Eng and Haskel l  have studied t h i s  technique fo r
poss ib le  processing of  TV s i g n a l s .  With present -day SAW’ s 
the d i s t o r t i o n  introduced in the basic technique is too 
high fo r  TV s igna ls  but may be use fu l  fo r  other  less
r 121demanding a p p l i c a t i o n s .  An improved technique v ' using  
another  SAW as an e q u a l i s e r  can however mainta in  the q u a l ­
i t y  o f  the s ig na l  f o r  companding fa c t o rs  o f  g r e a te r  than 
10 .
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4 . 3  APPLICATIONS OF TIME-COMPRESSION-MULTIPLEXING
4 . 3 . 1  HIGH SPEED DATA TRANSMISSION
TCM is  the key element o f  AT&T B e l l  Labora to r ies  new 
C i r c u i t  Switched D i g i t a l  C a p a b i l i t y  (CSDC) deployed in 
1983/84 In t h i s  system t ime-compress ion -mul t ip lex ing
al lows f u l l  duplex data a t  up to 64kb/s to be t r ansmi t ted  
over the p u b l ic -s w i t ch ed - t e l e ph o ne -n e tw or k ;  a f a c t o r  of  * 6  
i ncrease over the o r i g i n a l  system.
Incoming data i s  par t ioned i n t o  3ms segments and then 
compressed by a f a c t o r  o f  about 2 .25  to  g ive a maximum 
data r a t e  o f  144kb/s over the in t e r co n ne c t in g  w i re .  This 
companding f a c t o r  a l lows fo r  guard bands o f  approximately  
1 0 0  ys to be in se r te d  between the send and r ece ive  blocks  
to a l low fo r  loop propagat ion delay and delay spreading.  
I t  a lso permi ts  th re e  synchronisat ion b i t s  (per  frame) and 
an a d d i t i o n a l  low-speed 1 .33kb /s  s i g n a l l i n g  channel  to be 
i n c lu d e d .
The c i r c u i t r y  requ i re d  to  implement the system is  
r e l a t i v e l y  simple co ns is t in g  p r i m a r i l y  o f  two VLSI  
i n t e g r a t e d  c i r c u i t s .  An analogue c i r c u i t  performs the 
necessary l i n e  e q u a l i s a t i o n  and a m p l i f i c a t i o n  of  the s i g ­
nals  a f t e r  they have t ransversed the loop,  w h i l s t  the
e n t i r e  TCM processor  along wi th  the c o n t r o l  l o g i c  is
r 1 4 )
i n t e g r a t e d  onto one CMOS d i g i t a l  chip
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4 . 3 . 2  SATELLITE TRANSMISSION OF VIDEO SIGNALS
( 15 1TCM has r e c e n t l y  been proposed v J as a s o lu t io n  to  
the long standing problem o f  the t ransmission of  m u l t i p l e  
colour  t e l e v i s i o n  s i gn a l s  v i a  a s in g le  s a t e l l i t e  t r a n ­
sponder.  Con ve n t io na l l y ,  FDM-FM has been used fo r  t h i s  
purpose.  However, the inher en t  t ransponder  n o n - l i n e a r i t y  
can cause ser ious i n t e l l i g i b l e  c r o s s ta lk  and in te rmodu la ­
t io n  between the FM c a r r i e r s  unless the s a t e l l i t e  power is  
ba cke d-o f f  co ns id er ab ly .  The consequence of  t h i s  i s  a
reduct ion in rece ived c a r r i e r - t o - n o i s e  r a t i o  and thus
there  e x i s t s  a t r a d e - o f f  in o v e r a l l  performance.
Time-compression m u l t i p l e x i n g  does not  s u f f e r  from 
these degradat ions and has the added advantage of  possib le  
c o m p a t i b i l i t y  wi th  e x i s t i n g  TDMA t r a f f i c .  Eng Yue 
have shown t h a t  fo r  Tv s igna ls  where?
(1 )  the s ig n a l  bandwidth,  B, i s  much g r e a t e r  than the
r e c i p r o c a l  o f  the TCM frame pe r io d ,  T, ( equal  to one 
l i n e  per iod of  64 us ) ,and
( 2 ) the s i g n a l  i s  t ime-compressed by a f a c t o r ,  a
then v i r t u a l l y  a l l  the s p e c t r a l  power o f  the compressed 
s ig na l  i s  conta ined w i t h in  a bandwidth of  aB. They
f u r t h e r  demonstrated t h a t  i n t e r - b u r s t  i n t e r f e r e n c e  caused 
by b a n d l i m i t in g  the waveform to ex ac t ly  t h i s  bandwidth
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could be reduced to a n e g l i g i b l e  value by in t ro du c in g  a 
smal l  guard t ime of  approximate ly  0 . 5 ys between burs ts .
4 . 3 . 3  NARROW BAND RADIO SYSTEMS
4 . 3 . 3 . 1  MOBILE VHF SINGLE- SIDEBAND
The use of  t ime-compression m u l t i p l e x i n g  fo r  the com­
b i n a t io n  of  the necessary demodulat ion re fe ren ce  along  
wi th the message in 5kHz channel  SSB systems has been s t u ­
died in a previous work other  schemes have always
r e l i e d  upon the t ransmission of  a tone somewhere in the
audio band in what were e s s e n t i a l l y  FDM systems. I t  was
shown th a t  the TCM-SSB o f fe r ed  p o t e n t i a l  advantages
inc lu d in g  g r e a te r  to le ra nc e  to i n i t i a l  r e c e i v e r  f requency  
o f f s e t ,  r educt ion of  spurious in te r m o d u la t i o n ,  a t r a n ­
sparent  channel  and an a d d i t i o n a l  low speed s i g n a l l i n g  
c a p a b i l i t y .  These fe a tu re s  were obtained a t  the expense 
of  g r e a te r  t r a n s c e i v e r  complexi ty  and in her en t  TCM pro­
cessing de lay .
The optimum frame per iod in the TCM-SSB system was 
found to be 32ms wi th  a companding r a t i o  o f  1 .1 5 .  Sampling 
of  the speech input  a t  the normal PCM r a t e  of  8 kHz was 
found to be s u f f i c i e n t .  With a r e f e r en ce  burs t  dura t ion  of  
2.5ms and guard i n t e r v a l s  o f  0.5ms the o v e r a l l  s ig na l  was 
compat ib le  wi th the normal 5kHz channel  spacing.
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4 . 3 . 3 . 2  FIXED UHF-FM LINKS
Convent ional  p o i n t - t o - p o i n t  rad i o  systems use FDM to  
m u l t i p le x  two s igna ls  on a common FM c a r r i e r .  As wi th the  
s a t e l l i t e  t ransponder  (s ec t io n  4 . 3 . 3 )  i t  i s  found t h a t  
at tempts to  gain adequate s i g n a l - t o - n o i s e  r a t i o  f r e q u e n t ly  
r e s u l t  in severe in te r ch a nn e l  c r o s s t a l k .
An approach to t h i s  problem u t i l i s i n g  TCM has been 
i n v e s t i g a t e d  which uses a frame per iod o f  32ms wi th  a
compression r a t i o  of  2 . 2 5 .  Four cycles o f  an out o f  band 
tone were used fo r  synchron isa t ion purposes.  The r e s u l t s  
of  f i e l d  t r i a l s  comparing the equipment performance w i th  
t h a t  of  an eq u i v a le n t  FDM system showed the former system 
to be cons iderab ly  b e t t e r  whenever the bearer  was sub j ec t  
to n o n - l i n e a r i t i e s .
Research on a r e l a t e d  system has been commissioned by 
the Home O f f i c e  This employs the same companding
r a t i o  but a longer  (45ms) frame pe r io d .  Approximately 4ms 
remains f r e e  fo r  synchron isa t ion purposes and a more 
robust  pseudorandom sequence technique was adopted,  which 
i s  a lso su i ted  to mobi le  communications as w e l l  as f i x e d  
l i n k s .  The expense o f  the e x t r a  c i r c u i t r y  re qu i red  by 
both o f  these systems compared to the FDM approach is  
l a r g e l y  o f f s e t  by a l l e v i a t i n g  the need f o r  t ime consuming 
al ignment  procedures.
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CHAPTER FIVE
TIME AND FREQUENCY DOMAIN ANALYSIS OF 
TIME- COMPRESSION MULTIPLEXING
5.1  INTRODUCTION
An overview of  e x i s t i n g  work on t ime-compression mul­
t i p l e x i n g  systems was given in the previous chapter  which 
included re fe rences  to  i n v e s t i g a t i o n s  of  i t s  basic charac­
t e r i s t i c s .  A previous work by the author  was concerned 
with the study o f  the p r o p e r t i e s  o f  a s i n g l e  channel  plus  
re fe re nce  TCM-SSB system. In t h i s  chapte r ,  a comprehensive  
mathemat ical  t rea tment  o f  m u l t i - c h a n n e l  TCM systems w i th  
var ious classes o f  message s ig n a l  w i l l  be developed.  The 
an a ly s i s  w i l l  be l i m i t e d  to those cases where there  i s  no 
redundant in fo rmat ion  or guard i n t e r v a l s  between the  
waveform segments, i e .  when the t o t a l  no. o f  m u l t i p l ex ed  
channels i s  equal  to  the ( i n t e g e r )  compression r a t i o .  The 
a p p l i c a t i o n  of  windowing to the TCM waveform fo r  Fm a p p l i ­
ca t ions  i s  considered in chapter  9.
Fundamental expressions are f i r s t  considered fo r  a 
general  TCM system wi th  a r b i t r a r y  input  s ig n a l s .  These 
equat ions are then developed fo r  the sp ec ia l  case of  
s i n us o id a l  message s i gn a l s  only p res ent ,  and c e r t a i n  key 
c h a r a c t e r i s t i c s  h i g h l i g h t e d .  F i n a l l y ,  the an a ly s is  is  
extended to cover m u l t i - c h a n n e l  systems wi th  both genera l
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and harmon ica l l y  r e l a t e d  waveforms.
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5 .2  MULTI-CHANNEL TCM WITH ARBITRARY MESSAGE SIGNALS
The waveforms present  in a basic m u l t i - ch an n e l  t ime-  
compression m u l t i p le x  system when there  i s  one channel  
a c t i v e  are shown in f i g . 5 . 1 .  There are no i n t e r v a l s
between segments and hence the compression r a t i o ,  a,  is  
equal  to the number o f  mu l t ip lex ed  channels,  R. The frame 
per iod is  T, the input  s i g n a l  i s  x^ C t ) ,  the output
waveform is  z 1 C t ) and k is  the frame number, extending
from -® to °°, where k=0  i s  de f ined as the frame spanning 
t=+ T / 2 .  I t  has been shown in previous work th a t
where Sa(x)  = x ^ O  is  the spectrum of  x ^ t )
and Z ( f )  i s  the spectrum of  z^C t ) .
. r e c t [ ^ i d < M | l l 2 V 2 a l ] (5 .13
where
r 1 fo r  | t |  < 1 / 2  
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input,x(t)
segmented 




For subsequent a n a l y s i s ,  the complex ex ponent ia l  term in 
Zx C f ) ( r ep re s e n t i n g  a de lay o f  T /2 +T /2 a )  i s  un impor tan t . 
Hence we de f in e  two new waveforms, y ^ ( t )  and Y^Cf ) ,  such 
th a t
y l ( t )  = kL  '  k L ^ ] Tl ]  • ( 5 . 3 )
and
w
Y ( f ) = i   ^ X ( f - k / T )  . Sa [ itT ( f / a  -  f  + k / T ) ]  ( 5 . 4 )
k=
Two a d d i t i o n a l  waveforms, Ytcm^^ and YTCM^^'  3 1 8  
also now de f ined as the t ime and frequency domain 
rep re s en ta t io ns  r e s p e c t i v e l y  o f  the complete TCM s i g n a l .
For the case of  a s i n g l e  a c t i v e  channel
yTCM( t )  = yx c t )  ( 5 . 5 )
and
YTCM( f ) = Vx ( f )  ( 5 . 6 )
I f  there  is  more than one channel  a c t i v e ,  then * r ( t )  
i s  de f ined as the in pu t  from channel  r  and yr ( t )  as the  
corresponding t i m e - s h i f t e d  compressed output  segment as 
shown in f i g . 5 . 2 . There fo re  yr C t ) may be der ived from
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y^Ct)  w i th  the ad d i t io n  of  a t ime delay ( r - l ) T / a .
Now
TCM( t )  = r = l
yr c t )
r = 1 k=-®I a £t k[¥]T
. r ec t [a ^ - kT- ^ - ^ T / a ]^
By the Fo ur ie r  t ransform t ime s h i f t  theorem,
_ e ~ j 2 i r f ( r - 1  )T /a   ^ y ( f )  w i th  ap pr o p r i a te  change in
fo r  channel  r waveform. Hence by superpos i t ion
YTrMc n  = 5 y ( f )
TCM r 1
.  I  5 f  * C f - k / T )  . e- J 2 w f ( r - l ) T / a
3 r = l  k= -»  r 
. S a [ i r T ( f / a  -  f  + k / T ) ]
( 5 . 7 )
Yr ( f )
Y ^ f )
( 5 . 8 )





in Yj (f) for r channel 
waveform
F lfl.5 .2  Showing r t lu tlo n th lp  of  r  th ohanntl w dvfor^  
~ o  iA r i t  ph»nn<l in tCH ♦y p t ta ja ih
■ u ll lp l t  a o tiw  oh&nntlt.
5 .3  SINUSOIDAL MESSAGE SIGNALS
5 . 3 . 1  SINGLE ACTIVE CHANNEL
Let  the input  s i g n a l ,  x ^ ( t ) ,  be a general  s inusoid of
f requency,  f  , and phase, 9.  Thus
x^Ct)  = A cos[2 i r f0t  + 9]
= C cos2irf t  -  S sin2i r f  t  o o
where C = A cos9,  and S = A sinQ
( 5 . 9 )
Hence
X1 ( f )  = irC[sCf -  f 0 ) + « ( f  + f 0 )]
+ j u S [s( f  -  f ) -  <SCf + f Q)] ( 5 . 1 0 )
The corresponding expressions fo r  the TCM s ig n a l  may 
be obtained by s u b s t i t u t i o n  fo r  x^Ct)  and X ( f )  in 
eqns.5 .5  and 5 . 6  r e s p e c t i v e l y .  Therefore
*TCMCt) = kI _ „
-  S sin
C cos
~ k[ati3T]]
. r e c t r a ( ^ m ] ( 5 . 1 1 )
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W f) = i J  c [ « ( f  -  f 0 -  KA) ♦ « ( f  + f 0 - kA) ]
K — •  ®
- JS [«cf - f 0 -  k A )  -  6(f  + f 0 -  k A ) ]
. Sa [ itT( f / a  -  f  + k A) ]  ( 5 . 1 2 )
I t  may be seen th a t  both the r e a l  and imaginary par ts  of  
the spectrum co ns is t  o f  pa i rs  o f  impulse t r a i n s  a t  f r e ­
quencies f = f  +k/T and f = k / T - f  . S u b s t i t u t i o n  fo r  k /T  in o o
the weight ing funct ions  provides g r e a t e r  i n s i g h t  i n t o  the  
shape of  the spectrum. Thus
YTCM( f )  “ £  I  ( C+J‘s ) 5 ( f - f 0 " k/ T ) Saf i rT/a ( f - a f  )]  
k= -»  ^
+ ( C - j S )  « ( f + f 0 -  k A )  Sa [irT/a ( f + a f Q)] ( 5 . 1 3 )
I t  can now be seen t h a t  the s i n ( x ) / x  we ight ing funct ions
are centred on + a f Q> and t h a t  the complex spectrum is
*
h e rm i t i a n ,  i . e .  Y ( - f ) = Y  ( f ) ,  where the * operator  is  
def ined as complex co n juga t ion .
The important  p r o p e r t i e s  o f  YjQMCf) w i l l  now be d i s ­
cussed and an a l t e r n a t i v e  ( F o u r i e r )  s e r i e s  expansion found
for  yT C M ^ ’
(1 )  There i s  no dc component in the TCM s i g n a l ,  s ince
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fo r  t h i s  to occur,  f  + k /T  and/or  k /T  -  f  must beo o
zero .  Hence, f  T must be an in t e g e r  and b.oth the o 3
weight ing funct ions  s i m p l i f y  to Sa £+ j t t J  , where j  is  
a non-zero i n t e g e r  ( f Q/ 0  ) .  Th ere fo re ,  the magnitude 
of  any component a t  f=0 i s  ze ro .  This r e s u l t  has 
f u r t h e r  been shown to be t r u e  fo r  a l l  types o f  input  
s igna ls  which have no dc component
(2 )  On f i r s t  examinat ion ,  i t  would appear th a t  t ime-  
compression o f  a s inusoid of  f requency,  f Q> by a 
f a c t o r  ’ a ’ would produce s p e c t r a l  components a t  
+ a f Q. However, these only occur i f  a c e r t a i n  r e l a ­
t i o n s h ip  e x i s t s  between a,  f  , and T. From
eq n . 5 .1 3 ,  fo r  the re  to be a component a t  a f Q> then
f  + k /T = a f  , hence o o
( a - l ) f  T = i n t e g e r  ( 5 . 1 4 )o
(3 )  The r e l a t i o n s h i p  o f  these parameters a lso determines  
whether impulses from both sets co inc ide  a t  the same 
f requency.  From eq n . 5 .1 3 ,  fo r  c o in c id en t  impulses,
f o + k l / T  = k2 / T  -  V  i e *»
2 f  T = k .  -  k. = in t e g e r  ( 5 . 1 5 )
o 2 1
The na ture  o f  the TCM spectrum, al lows an
a l t e r n a t i v e  t ime-domain expression to be obtained in terms
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of  an i n f i n i t e  summation of  cosine and s ine fu nc t ion s ,  i e .  
a Fo ur ie r  se r ie s  expansion.  Consider f i r s t  the r e a l  spec­
trum, Re ly tcm  ^^ » and l e t  t h i s  be s p l i t  i n to
Re[YT C M l ^ ]  and Re[YT C M 2 ^ ]  as shown in f i g - 5 . 3 .  Time 
domain express ions,  yD1 ( t )  and yDO( t )  r e s p e c t i v e l y ,K1 Rz
corresponding to these two spect ra  may be w r i t t e n  as f o l ­
lows where the a p pr op r i a te  s u b s t i t u t i o n  fo r  f  in the Sa(x )  
funct ions has been made.
yR l ( t )  = f  kI k cos2lfCf 0 + kA ) t  • S a [ f l ( k / T  -  ( a - l ) f 0 )]
( 5 . 1 6 )
where k, is  the lowest  i n t e g e r  fo r  which f  + k/T is  
1 o
non-nega t ive ,  and
yR2 ( t ) = i  I  c o s 2 * ( f o ♦ k / T ) t  . S a [ f l ( k / T  + ( a - l ) f 0 )]
2
( 5 . 1 7 )
where k  ^ is  the lowest  i n t e g e r  fo r  which k /T  -  f Q is  
non-nega t ive  = k ^ - l .
Now s ince c o s ( - f )  = c o s ( f ) and S a ( - x )  = S a ( x ) ,  we can replace  
the summation in eqn . 5 . 17  by a co n t i nua t io n  of  the summa­
t i o n  in eqn .5 .16  from - «  to ( k ^ - 1 ) .  Thus
yR( t )  = yR l ( t )  + yR2 ( t )
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R*Yw (f) ]
1  S [ f + f e l ^ ]  ♦  S [f+  f0- l y j ]




2 .  cos2ff(f0+ k T)t 
k= k2
Flfl.5 . 3  Splitting of real part o f  compltx •xpon»ntl&] 
• t I • t TC H  «P»otruin Lnto two ooolno to r t « 7 7
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00
= |  I  cos2 ir( f  + k / T ) t  . S a [ | I ( k / T - ( a - l ) f  ) ]  
k= -»
( 5 . 1 8 )
The imaginary p a r t ,  Im[ y tcm( f ) ] , can be s p l i t  i d e n t i ­
c a l l y ,  and the two t ime-domain expressions w r i t t e n  as
00
y I i ( t ) = ^  5 S in 2 w ( f 0 + k / T ) t  . S a [ ^ I ( k / T  -  ( a - l ) f Q)]
k=k j
( 5 . 1 9 )
and
00
y I 2 ( t J  = f  I  S in 2 i r ( f 0 + k / T ) t  . S a [ f i ( k / T  + ( a - l ) f Q)]  
k=k 2
( 5 . 2 0 )
where k^ and k2 have the same values as be fore .
Again,  s ince s i n ( - f ) = - s i n ( f ) ,  we can rep lace  the sum­
mation in eqn .5 .20  by a co n t i nu a t io n  of  the summation in 
e q n .5 .1 9 .  Thus
0 0  T
y i Ct 3 = ^  I  s i n 2 i r ( f Q + k / T ) t  . S a [ f i ( k / T  -  Ca-1 J f Q)] 
k=-°°
( 5 . 2 1 )
By s u p er po s i t i on ,  yTCM( t )  i s  the sum of  and
yTCM( t )  = a A cos2 , t ( f o+k /T ) t+Q  ' S a g I ( k A - ( a - l ) f 0 )]
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( 5 . 2 2 )
I t  i s  poss ib le  to r e - w r i t e  eqn.5 .11  in terms of  the  
o r i g i n a l  cosine func t ion  o f  f  and 9 as
oo
yTCMCt) = J A cos^2TrafQt  -  2irf k ( a - l ) T  + 9 
k = -  ®
. r e c t [a ^ - kTJ] ( 5 . 2 3 )
Hence, a general  segmented cosine waveform o f  f requency,  
f  and phase 9, t ime-compressed by a f a c t o r ,  a,  is  com­
posed of  bursts  o f  a s inusoid wi th  frequency a f  and phase 
equal  to  9 -  2 i r k ( a -1 ) f qT . However, fo r  the sp ec i a l  case 
when ( a - l ) f  T= i n t e g e r ,  the phase s h i f t  due to segmented 
t ime compression i s  an in te g e r  m u l t i p l e  o f  2 tt fo r  a l l  k.  
There fo re  eqn .5 .23  s i m p l i f i e s  to
OO
yI CM( t ) = ]) A c o s L2lTaf0t  + 9] • r e c t  jj ^ - k T ) j  ( 5 . 2 4 )
The waveform is  now simply bursts  o f  cos2 TrafQt .  This is  
not  unexpected as re fe re nc e  to eq n .5 .14  shows t h a t  the  
above cond i t ion  i s  a lso  the requirement  fo r  s p e c t r a l  com­
ponents a t  + a f Q.
The pe r iod ,  the waveform wi th  s in us o i da l
inp ut  may be found from a cons i der a t ion  o f  the s p e c t r a l  
p r o p e r t i e s  from e q n . 5 . 1 2 .  I t  i s  a lso  necessary fo r   ^ to
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be an in te g e r  m u l t i p l e  o f  the frame pe r io d ,  T. Components 
in YjqmCfD occur a t  f requencies  | f  + k / T | , t h e r e f o r e  the  
per iod must be the r e c i p r o c a l  o f  the h ighest  common fa c t o r  
(HCF) of  a l l  these f requencies  and 1 /T ,  i e .
t tcm = - ^  —  ( 5 . 2 5 )
H C f [ i / T ,  f Q> I f 0 +k/T  I ]
At f i r s t  t h i s  appears to be a complex problem, however,
the HCF o f  1 /T and f  is  a lso the HCF of  f  +k /T fo r  a l l  k,o o
hence
TTrM = ------------1-------------  =-----------1---------- ( 5 . 2 6 )
TCM HCF ( f  , 1 /T )  HCF ( l , f QT)
I t  i s  now poss ib le  by using eqns.5 .23  and 5 . 2 6  to  
de f i n e  the segmented TCM s ig n a l  wi th  a s in g le  a c t i v e  chan­
ne l  and s in us o i da l  modulat ion over one complete per iod ,  
i e .
KI ' 1
y-rnu ( t )  = ) a cos [~2tta f  t  -2 i r f  k ( a - l ) T  + 9lMCMy k ^ 0 L o o  J
. r e c t [a(^ kT'j]  ( 5 . 2 7 )
where KT = HCF( x ,  f  T)
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5 . 3 . 2  MULTIPLE ACTIVE CHANNELS
Let the input  s ig n a l  from channel r ,  x r C t ) ,  be;
xr ( t )  = Ar cos [ 2 t t f r t  + 0r ]  ( 5 . 2 8 )
Expressing t h i s  in C co s (x ) -S  s i n ( x )  form and s u b s t i t u t in g  
in eq n .5 .7  g ives ;
yT C M ^ r = 1
yr ( t )
r = l  k=
f  rect[aiid<MldJVa)]
C cos r 2 « f r [ t  -  k [ f c l ] T  -  [ X j i ] T ]
Sr sin r r - j - ( 5 . 2 9 )
where Cr = Ar cos9r and Sp = Ar s in 9 r
The TCM spectrum is  obtained s i m i l a r l y  by s u b s t i t u t io n  
i n t o  e q n .5 .8 .
W f )  = i r = l  k = - 0 0
} Cr [ « ( f - f r  -  k / T )  + « ( f + f r  -  k / T ) ]
-  jS ( f  -  f  -  k / T )  -  « ( f  + -  k / T ) ]
- 1 0 0  -
. e " j 2 l , f ( r " 1 ) T /a  . S a [ i r T ( f /a  -  f  + k / T ) ]  ( 5 . 3 0 )
S u b s t i t u t io n  fo r  the values o f  k /T  from the R p a i rs  o f  
impulse funct ions  in to  the a p p ro p r ia te  S a(x )  funct ions  
gives;
U n l ike  the case fo r  one a c t iv e  channel ,  the c h a r a c t e r i s ­
t i c s  o f  the above spectrum can not be g e n e ra l is ed  due to  
the unknown r e l a t i o n s h i p  between the s ig n a ls  from the  
various channels .  However, th e re  is  no dc component i f  
th e re  is  none in  the input  s ig n a ls  and the impulses from 
a l l  R p o s i t i v e  and and n e g a t ive  centred sets only c o in c id e  
i f  2 f r T is  an in te g e r  fo r  a l l  r .
The a l t e r n a t i v e  F o u r ie r  s e r ie s  re p re s e n ta t io n  o f  
yTCM^^ may 138 s t a i n e d  from e q n .5 .2 2  using e q n .5 .3 0 .
- j 2 f r f ( r - l ) T / a
. (C + jS ) 5 ( f  -  f  -  k /T )  SafirT/a ( f  -  a f  )1 r r  r  L r J
+ (c„ -  J S )  6 ( f  + f  -  k /T )  Sa firT/a ( f  + a f
( 5 . 3 1 )
Cr  cos^2n(f  + k / T ) ( t - ( r - l ) T / a ) j
- 1 0 1  -
-  Sr s in  [2tt( f“r + k /T  3 C t  -  ( r - l ) T / a ) ]
• . S a [ f l ( k / T  -  ( a - l ) f r )]
1 P °°
= ;  )  ) fl„ cos ["2tt( f  + k / T ) ( t - ( r - 1 ) T /a )+ 9  1
a r = l  k= -«  r L r rJ
- j 2 i r f  ( r - l ) T / a
• e . S a [ | I ( k / T  -  Ca—1 Dfr )]  ( 5 . 3 2 )
I t  can be seen th a t  eq n .5 .32  is  co ns iderab ly  more complex 
than the corresponding s in g le  channel express ion .
E qn .5 .29  may be r e - w r i t t e n  in  terms o f  the o r i g i n a l  
cosine  s ig n a ls  as fo l lows
*TCMCt) = X  yr ( t )
= 5 f  r e c t ^ - -kI - ( r-- D T/ ^ l
r = l  k=-® L 1 J
A cos r 2iraf t  + 9 -  2u [k( a - 1 ) f  T + ( r - l ) f  t ]r r l r  r  J
( 5 . 3 3 )
Thus the TCM waveform is  composed o f  segments of  the o r i ­
g i n a l  in pu t  s ig n a ls  frequency scaled by the compression 
f a c t o r  ’ a* and phase s h i f t e d  by - 2 tt j j< (a -1 ) f  I  + Cr — 1 ) f r tJ . 
When ( a - 1 ) f r T = in te g e r ,  the phase s h i f t  fo r  segment r
- 1 0 2  -
(channel r )  is  independent o f  the frame number k.
Components in the spectrum occur a t  | f  + k /T |  and
the o v e r a l l  period o f  the TCM waveform, T y ^ ( t ) ,  i s ;
TTCM = I  " ~  r  ( 5 . 3 4 )
H C F [ l /T ,  l T | f r  + k /T  |]
which s i m p l i f i e s  to
t tcm = -------------- 1---------------- =  1------------  ( 5 - 3 5 )
h c f [ i / t , f r ] h c f [ i , f r t]
Hence one period o f  TCM waveform w ith  m u l t i p l e  a c t i v e  
channels and s in u s o id a l  modulation can be represented by
y TCM.
( t )  = )  J r e c t  p X-L,- :  .KT, ( r - .l  )T /a ) ;
'T r = l  k=0 L 1
. A cos r 2iraf t  + 9 -  2 i r [ k ( a - l ) f  T + ( r - l ) f  t"r r L r r J
(5 . 3 6 )
where KT = ------ ------- -^---------—
h c f [ i ,  I r  f r t ]
Eqn.5 .36  is  the genera l  equation fo r  a l l  R channels  
a c t i v e .  When th e re  are  one or more i n a c t i v e  channels ,  the  
a p p ro p r ia te  values o f  r  are simply removed from the summa­
t io n  .
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5 . 4  MULTI-TONE MESSAGE SIGNALS
5 . 4 . 1  SINGLE ACTIVE CHANNEL
Let the s in g le  in pu t  s ig n a l ,  x ^ ( t ) ,  c o ns is t  o f  M 
s in u s o id a i  components o f  frequency f  (n o t  n e c e s s a r i ly  
ha rm on ica l ly  r e l a t e d ) ,  phase Qm and am pli tude Am.
x , ( t )  = ) A cos["2Trf t  + 9 11 m L m mJm= 1
m=l
C cos2irf t  + S s in2 ir f  t  m m m  m ( 5 .3 7 )
where C = A cosQ and S = A sinQ m m m m m m
Hence
♦ j S [6Cf -  f m) -  « ( f  ♦ V ] ( 5 . 3 8 )
The expressions fo r  the TCM s ig n a l  may be obtained by 
s u b s t i t u t i o n  in t o  e q ns .5 .5  and 5 . 6 .  Thus
yTCM( t )  = _ L  Jm=l k= -«
C cos m -  kVrir ly]
+S sin  m
. r e c t [ s L ^ h l l j  ( 5 . 3 9 )
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and
I „  Cm[6Cf- f m -  k /T )  + 5 ( f + f m -  k / T ) ]
. S a [ n T ( f / a  -  f  + k /T ) ( 5 . 4 0 )
Both the r e a l  and imaginary sp ectra  are  s i m i l a r  to those
fo r  s in u s o id a l  s ig n a ls ,  except th a t  each now cons is ts  o f  M
p a i rs  o f  impulse t r a i n s  centred on f  + k /T  and k /T  -  f  .m m
Hence the F o u r ie r  s e r ie s  r e p re s e n ta t io n  o f  may be
e a s i l y  found using e q n .5 .2 2  as
Now, e q n .5 .3 9  may be r e - w r i t t e n  in terms o f  the o r i ­
g i n a l  cosine fu nc t ions  as
A cos2Tr(f + k /T  ) t  m m
( 5 . 4 1 )
m=l k = -»
y A cos!*2iraf t  -  2 i T k ( a - l ) f  T + 9 1 L „  m L m m mJ
00
( 5 . 4 2 )
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Hence, fo r  a genera l  m u l t i - t o n e  in p u t ,  the segmented TCM
output s ig n a l  cons is ts  o f  bursts o f  an i d e n t i c a l  s ig n a l
but w ith  a l l  components frequency scaled by a fa c to r  *a’
w ith  a frame dependent phase s h i f t  o f  -2-rrf k ( a - l ) T .  Sincem
t h i s  l a t t e r  phase s h i f t  is  p ro p o r t io n a l  to  s ig n a l  f r e ­
quency, no phase d i s t o r t i o n  occurs. For the s p e c ia l  case 
when ( a - 1 ) f mT = in te g e r ,  fo r  a l l  m, the above equation  
reduces to ;
The TCM waveform is  now simply a frequency scaled vers ion  
o f  the in p u t .
When a l l  the s ig n a l  components are  successive harmon­
ic s  o f  a c e r t a in  fundamental f requency,  i e  f m=mf^, then 
the c o n d i t io n  fo r  eq n .5 .4 3  to  hold reduces to
( a - l ) f p T  = i n t e g e r .  This l a t t e r  c lass  o f  s i g n a l ,  when the  
in p u t  phase angles ,  9m, are  random but w ith  uniform d i s ­
t r i b u t i o n  and a l l  the am pl i tudes ,  Am, are  equal is  
r e p r e s e n t a t i v e  o f  a band o f  white  noise and is  o f  consid ­
e ra b le  importance in chapters 8 and 9.
Components in the TCM spectrum occur a t  I f m + k /T I  
and hence the TCM s ig n a l  per iod  is  given by;
m = l  k=-«>
( 5 . 4 3 )
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TTCM^t  ^ "
H C F [ l /T ,  | f m + k /T  |]
=     fo r  genera l  s ig n a ls  ( 5 . 4 4 )
h c f [ i / t , f j
and
T j CMCt) = ---------------------   fo r  harmonic s ig n a ls  ( 5 . 4 5 )
h c f [ i / t , f f ]
Hence one per iod o f  the waveform fo r  a genera l  m u l t i to n e  
in put  can be represented by
m Kt " 1
ymu ( t )  = ) ) A cos["2iraf t  + 0 -  2 i r ( a - l ) f  t]yTCMt ^  kZQ m L m m m J
. r e c t [ a ^  j  ( 5 .4 6 )
where K
T h c f Ft , f  t!L Zm m J
and
K , - l
VTCMT( t )  = J i  j 0 A*  cos[2lramff t  + em -  2ir( a-1 )mffT]
. r e c t  [a ^fc ~ kT}] ( 5 . 4 7 )
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where KT = h c f ( T , f  T ) » ^or an ^nPu  ^ whose components
are  harm onica l ly  r e l a t e d .
5 . 4 . 2  MULTIPLE ACTIVE CHANNELS
The r e le v a n t  expressions fo r  t h is  f i n a l ,  most general  
category  o f  s ig n a ls  may be obtained in a s t r a ig h t fo r w a r d  
manner by p e r t i n e n t  s u b s t i t u t i o n  using previous r e s u l t s .  
Let  the in put  s ig n a l  from channel r  be;
Expressing eq n .5 .4 8  in  C c o s (x ) -S  s i n ( x )  form and using  
e q n .5 .29  gives the segmented TCM s ig n a l  asj
r a ( t - k T - ( r - l ) T / a )  
L ---------- T---------------
. C cos 2iraf f t  -  k T -  T— 1 t] rm rmL L a .  L a J J
- "[Hr]1 - [Hr]'] ( 5 . 4 9 )
The a l t e r n a t i v e  F o u r ie r  s e r ie s  expansion is  obtained by a 
s i m i l a r  s u b s t i t u t i o n  in  eq n .5 .32
TCM
o Mi B r 00- i J, J , .1 • - j 2 i r f  m( r - l ) T / a  rmr = l  m =1 k= -»  r
flrm cos [2ir( f rm + k / T ) ( t - ( r - l ) T / a ) + 8 ]
• S a g I [ k A  -  C a - l ) f r J ] ( 5 .5 0 )
The expression fo r  the TCM spectrum is  a modif ied  
form o f  e q n .5 .3 0 .  Thus
Mr 00
TCM a r = l  m =1 k=-
- j 2 i t f ( r - l ) T / a
-  k/ T ) + -  k/ T ) lrm L rm rm J
-  j S rmr « ( f  -  f  -  kA )  -  « ( f  + f  -  k /T ) '  0 rm L rm rm
. Sa [irT( f / a  -  f  + k / T ) ] (5 . 5 1 )
Components in the spectrum occur a t  f requencies  of
I f  + k /T |  and hence the o v e r a l l  per iod o f  the TCM rm
waveform is
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TTCM^t  ^ =
HCF 1/T> Ir k  Ik lfrm+k/T|
( 5 . 5 2 )
As w i th  the o ther  c lasses o f  s i g n a l ,  t h i s  s i m p l i f i e s  to ;
TT C M ^  "
HCF 1/T- Ir Im f
( 5 . 5 3 )
rm
W r i t in g  eq n .5 .49  in  terms o f  the o r i g i n a l  cosine funct ions  
and using the above r e s u l t  a l lows one period o f  the  
m u l t i - c h a n n e l ,  m u l t i - t o n e  message TCM s ig n a l  to  be w r i t t e n  
as
Kt -1
Vtcm = 2 I 1 2 r e c t ra ^ - kT- ^ - 1 ) T / a ) ]
TCMT r h  m =1 k=0 J
A ™  c o srm 2itaf t  + 9 -2ir T k (a - 1 ) f  T + ( r - l ) f  t1rm rm L rm rm J
( 5 . 5 4 )
where K.
HCF Ir I*  f  T m rm r
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5 . 5  CONCLUSIONS
Expressions d e s cr ib in g  the TCM waveform in  both the 
t im e -  and frequency domains fo r  var ious c lasses o f  message 
s ig n a l  have been developed. For the case of  a s in g le  
a c t i v e  channel w ith  a s in u s o id a l  in put  a t  frequency, f  , 
and TCM frame period  o f  T (seconds),  the TCM s ig n a l  spec­
trum is  composed o f  two i n f i n i t e  t r a i n s  o f  impulses. These 
are centred around ± a f Q> where a is  the compression r a t i o .  
However, th ere  is  not n e c e s s a r i ly  a component a t  these  
frequenc ies  unless ( a - l ) f QT is  an in t e g e r .  S i m i l a r l y ,  the  
impulses from the two t r a i n s  do not co in c id e  a t  every f r e ­
quency unless 2 f  T is  an i n t e g e r .  Each a d d i t i o n a l  input  
frequency (from e i t h e r  the same or from another message 
channel)  adds another p a i r  o f  impulse t r a i n s  to  the compo­
s i t e  spectrum w ith  the a p p ro p r ia te  frequency and Phase 
s h i f t .  Hence, due to  the many combinations o f  parameters,  
i t  is  not po ss ib le  to draw genera l  conclusions as to  the  
s p e c t r a l  c h a r a c t e r i s t i c s  w ith  a r b i t r a r y  s ig n a ls .
A l t e r n a t i v e  expressions have a lso  been derived  
re p re s e n t in g  the TCM s ig n a l  in  p e r io d ic  form. These are of  
a form s u i t a b l e  fo r  subsequent a n a ly s is  using a numerical  
technique such as the d i s c r e t e  F o u r ie r  t ransfo rm . The 
a p p l ic a t io n  o f  such a technique w ith  the f u r t h e r  com pl ica - '  
t io n  o f  modulat ion o f  the TCM s ig n a l  on to  an Fm bearer  is  
considered in chapter  8.
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Due to the la rg e  number o f  combinations o f  v a r ia b le s  
in the above express ions,  i t  i s  not p o s s ib le  to  make gen­
e r a l  statements about e i t h e r  the t ime or frequency domain 
c h a r a c t e r i s t i c s  of  the TCM s i g n a l ,  except fo r  the case o f  
a s in g le  s in u s o id .  However, although many o f  the expres­
sions are complex, numerical  techniques may be employed 
fo r  t h e i r  s o lu t io n .  This w i l l  be in v e s t ig a te d  fo r  the  
a p p l ic a t io n  o f  TCM fo r  frequency modulat ion in chapters 8 
and 9. In t h i s  re s p e c t ,  the equat ions d e s cr ib in g  the  
p e r io d ic  form o f  the TCM s ig n a l  w i l l  be o f  p a r t i c u l a r  
im portance .
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CHAPTER SIX
THEORETICAL ANALYSIS OF ANGLE MODULATION
6 .1  INTRODUCTION
The basic equations d e s cr ib in g  genera l  angle  modula­
t io n  w i th  both s in u s o id a l  and genera l  m u l t i - t o n e  modulat­
ing s ig n a ls  are  d e r iv e d .  Expressions are  then found fo r  
the  frequency sp ec t ra  using a F o u r ie r  s e r ie s  expansion 
i n v o lv in g  Bessel fu n c t io n s .  I t  i s  shown th a t  u n l ik e  the  
case fo r  s in u s o id a l  s ig n a ls ,  the c a l c u l a t i o n  o f  spectra  
f o r  o ther  baseband waveforms is  f a r  from s t r a ig h t fo r w a r d  
in v o lv in g  the ted ious s o lu t io n  o f  D iophant ine  equat ions.  
The bandwidths o f  e q u iv a le n t  phase and frequency modula­
t io n  systems w ith  s in u s o id a l  s ig n a ls  are  compared. The 
reduced bandwidth requirement o f  the l a t t e r  has caused i t  
to  be u n i v e r s a l l y  adopted fo r  mobile  r a d io ,  and hence i t  
i s  the system upon which the m a jo r i t y  o f  subsequent 
a n a ly s is  is  based.
The noise c h a r a c t e r i s t i c s  o f  an id e a l  phase or f r e ­
quency demodulator are  complex. However, w i th  an id e a l  
re c ta n g u la r  IF  f i l t e r  under co n d i t io n s  of  good c a r r i e r -  
to -n o is e  r a t i o ,  the output noise is  approximate ly  white  
fo r  a phase d e te c to r  whereas i t  r i s e s  a t  about 6dB per 
octave fo r  a frequency d i s c r i m i n a t o r .  This has led to  the  
adoption o f  +6dB/octave t r a n s m i t t e r  pre-emphasis in
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p r a c t i c a l  FM systems in an at tempt to normalise the  
recovered s i g n a l - t o - n o i s e  r a t i o  across the audio band.
An expression is  der ived  fo r  the output of  an FM 
d e te c to r  w ith  s in u s o id a l  modulation in the presence o f  an 
IF  f i l t e r ,  using the vec to r  summation or F o u r ie r  tech ­
n ique .  The s u i t a b i l i t y  o f  t h is  and a ls o  the asymptotic  
method o f  Carson and Fry is  considered fo r  more com­
plex modulat ing s ig n a ls .  The work o f  Rice and others con­
cern ing  random (n o is e )  modulat ion is  a lso  discussed.  
F i n a l l y  the performance o f  FM in  the presence o f  genera l  
i n t e r f e r e r i n g  s ig n a ls  is  considered .
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6 . 2  FUNDAMENTAL EXPRESSIONS
A genera l  equation d e sc r ib in g  an angle modulated c a r ­
r i e r ,  e^M( t ) ,  o f  frequency, f c , and am pl i tude ,  Ac , is
= flccos[2irfct + «f(t) + 9C]
+ ec] J * c t )= Re A e c (6 . 1 )
where jrf(t) is  r e la t e d  to  the message s ig n a l ,
For phase modulation jzf(t) is  d i r e c t l y  p r o p o r t io n a l  to  the  
message s ig n a l  m ( t ) .  For the s in u s o id a l  s ig n a l
ePM^^ A e c
m ( t )  = flms i n [ 2lr f mt  + qJ  
J [ 2 lr fc fc + Qc] J® + 9m]
(6 . 2 )
( 6 . 3 )
where 8 is  the peak phase d e v ia t io n  = k^Am ( ra d ia n s )
and k is  a modulation co nstan t ,  m
The peak frequency d e v ia t io n ,  Af ,  is  the maximum value o f
, i e .  p r o p o r t io n a l  to  the modulating
f re q uen cy .
For the complex message s i g n a l ,  m ( t ) ,  co n s is t in g  o f  M 
s in u s o id a l  components
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then
ePM^t) = Re Ace
m=l
( 6 . 5 )
1/2
The rms phase d e v i a t i o n ,  3 > isrms 2
w h i ls t  the
1 1 /2
m=lrms frequency d e v i a t i o n ,  Af m . is  — ------------------r m s 2
For frequency m odulat ion,  j ^ ( t ) ,  is  p ro p o r t io n a l  to  
m ( t ) .  For the purpose o f  comparison w ith  PM in sect ion  
6 . 3 . 1 ,  the components in m ( t )  w i l l  now be phase s h i f t e d  by 
9 0 ° .  Hence fo r  the s in u s o id a l  s ig n a l
t
/ ( t )  = k . S o)(t ) dr 
0 0
t
/  2tt A cos
r> m
(6 . 6 )
the FM waveform is
epM( t )  = Re
[2 » f  t  + O’ ] J - 7 7 l s l n [ 2lrfn.t  + 0m]J L2lr fc c Ac e c
( 6 . 7 )
k .Ad m .where 9 = 0C --------^ -^s in9
m m
The peak frequency d e v ia t io n ,  Af ,  is  k^Am, w h i ls t  the peak
kdAm Afphase d e v ia t io n  is  —s—  = .
m m
For the m u l t i to n e  s ig n a l
JL2 l l f c t + 9 c]
e FM( t )  = Re
M
A e c ir e m= 1
j  - 4 - ^  s in r2m f t  + 8L m mJm
where 9^ = 9_ c c - V 4 m- si n0
(6 . 8 )
m=l m m
Thus the rms frequency d e v ia t io n  is




rms phase d e v ia t io n  is
• *
rk^A 1 d m
2




t r a s t  to  PM the peak Cor rms) frequency d e v ia t io n  is  con-
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s t a n t  w h i le  the phase d e v ia t io n  is  in v e r s e ly  p ro p o r t io n a l  
to the modulation frequency.
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6 . 3  SPECTRAL ANALYSIS USING A FOURIER SERIES EXPANSION
6 . 3 . 1  SINUSOIDAL MODULATION
Eqns.6 .3  and 6 .7  may be expanded in terms o f  a 
F o u r ie r  s e r ie s  using the fo l lo w in g  i d e n t i t y
jB s in  \2vft  + 9 1 ® jn fc i r f  t  + 9 1L m mJ .  y 0 L m mJL _ nn = -oo ( 6 . 9 )
where J (8 )  is  the Bessel fu n c t io n  o f  the f i r s t  kind  n
of order n and argument 8> and is  de f ined  as
j  (B) -  !  ( - I /  B(n+2k)V BJ ■ , L  „(.n+2k Jk=0 2 k! (n+k ) ! (6 . 10)
thus
A e c
j [ 2 . f  t  •  »  1
■ 5_ i n m= l (3 )  eJn[2lrV + 9J (6 . 11)
and
eF M ^ ^  = Re A e c
+ 8 C]





JnL2lrV + 9m] (6 . 12)
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Comparison o f  the l a t t e r  equations shows th a t  the PM
and FM sp ectra  are  i d e n t i c a l  i f  AF = 8 f  and the modulat-m
ing s ig n a l  in  the FM case is  phase s h i f t e d  by 9 0 ° .  Thus
the genera l  jzfM spectrum fo r  a s in u s o id a l  modulat ing s ig n a l
o f  frequency, f  , co ns is ts  o f  a c a r r i e r  plus an i n f i n i t e
number o f  sidebands spaced a t  f requencies  o f  + f  , +2f— m ’ — m
e t c .  whose ampli tudes are determined by the a p p ro p r ia te  
Bessel fu n c t io n .
A w e l l  known r u l e  o f  thumb guide used to es t im ate  
bandwidths in jzfM systems is  Carson’ s r u l e  This s ta te s
t h a t ,  fo r  s in u s o id a l  modulat ion ,  approx imate ly  2 ( $ + l )  
sidebands in a d d i t io n  to the c a r r i e r  are  requ ire d  to  
t r a n s m i t  98% o f  the t o t a l  power. Thus the approximate  
bandwidths are 2 f  (B + l )  and 2 ( A f + f m) fo r  phase and f r e ­
quency modulation r e s p e c t i v e l y .  Hence, over the audio f r e ­
quency range o f  300-3000HZ, the PM bandwidth increases by 
a f a c t o r  o f  ten whereas the Fm bandwidth shows ap prec iab ly  
less  v a r i a t i o n ,  p a r t i c u l a r l y  when Af is  la r g e .  I t  is
predominantly  fo r  t h i s  reason t h a t  FM is  employed in
pre fe rence  to  PM in  p r a c t i c a l  ’ f i x e d ’ bandwidth communica­
t io n  systems. However, when pre-emphasis is  employed
(s e c t io n  6 . 4 )  the d i s t i n c t i o n  between the two systems 
becomes less  c l e a r .
For the s p e c ia l  case when 8 (o r  A f / f ^ )  <<1, the f o l ­
lowing approximations may be ap p l ie d
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( 6 . 1 3 )
( 6 . 1 4 )
Hence* J0 (B) = 1, . ^ ( 8 )  = 8 /2  and . ^ ( 8 )  = - 6 / 2 ,  w ith
a l l  others orders n e g l i g i b l e .  Under these circumstances,  
the jzfM spectrum cons is ts  o f  j u s t  one p a i r  o f  sidebands,  
r a t h e r  l i k e  AM but w ith  the lower sideband phase reversed ,  
and may be deemed ’ l i n e a r *  m odulat ion.  However, in gen­
e r a l ,  angle modulation is  a n o n - l in e a r  ( e x p o n e n t ia l )  pro­
cess, and i t  is  not poss ib le  to  r e l a t e  the modulated spec­
trum to the o r i g i n a l  s ig n a l  spectrum.
6 . 3 . 2  COMPLEX MODULATION
I t  is  a lso  po ss ib le  to  expand e q ns .6 .4  and 6 .8  fo r  
complex modulat ion using the i d e n t i t y  o f  e q n .6 .9 .  Hence> 
fo r  PM
ePM( t }  = Re Ac 6
m
w h i l s t  fo r  FM
eFM( t )  = Re Ac 6
- 1 2 2  -
M v r
)  Jn I' m=l n„=-°° m L'm
Af 1 jn (*2ir f  t  + n9 1 m ^  L m nJ ( 6 . 1 6 )
U n l ik e  s in u s o id a l  modulat ion,  the PM and FM spectra
Af
are  only  i d e n t i c a l  i f  3m = j - 22- fo r  a11 m» and a11
m m
ponents in the FM baseband s ig n a l  are phase s h i f t e d  by 
9 0 ° .  Since a constant phase s h i f t  d i s t o r t s  the time 
waveform, i t  can be said  t h a t  the PM and Fm sp ectra  of  a 
common complex message s ig n a l  are  d i s s i m i l a r .  The s id e ­
bands in both sp ec t ra  occur a t  frequencies  f  given by
f  = f  + ) n f  ( 6 . 1 7 )s c |||Z1 m m
where n may take  any va lue from - «  to  °°. m
>
The magnitude, Mg , of  one p a r t i c u l a r  component a t  the  
sideband frequency,  f  > is  given by the product o f  A and
3 0
the M Bessel c o e f f i c i e n t s ,  whose orders ,  n . are  one se t1 m
of  s o lu t io n s  to  e q n .6 .1 7 .  This equation is  o f  l i n e a r
( 2 )D iophant ine  type and has an i n f i n i t e  number of  s o lu ­
t io n s  fo r  any p a r t i c u l a r  value o f  f  . Hence each sideband  
is  g e n e r a l ly  composed of  an i n f i n i t e  number o f  components, 
and the t o t a l  magnitude Mg is  given by
Ms = /  Ms = Ac I V*0 (6,18)m=l m
where the summation is  c a r r ie d  out fo r  a l l  va lues of
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n s a t i s f y i n g  e q n .6 .1 7 ,  and x=B fo r  PM and Af / f  fo r  FM. m J a 7 m m m
In p r a c t i c e ,  th e re  w i l l  only be a f i n i t e  se t  o f  s o lu t io n s  
to  e q n .6 .1 7  which produce components o f  a p p rec ia b le  a m p l i ­
tude due to  the d im in ish ing  na ture  o f  the high order  
Bessel c o e f f i c i e n t s .  This is  e s p e c ia l l y  t ru e  fo r  narrow  
d e v ia t io n s .  However, in genera l  the de te rm in a t io n  of  spec­
t r a  by t h i s  method is  te d io u s .
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6 .4  SIGNAL-TO-NOISE CHARACTERISTICS
In AM systems, the s i g n a l - t o - n o i s e  r a t i o  (SNR) a t  the  
output o f  an id e a l  product demodulator bears a l i n e a r  
r e l a t i o n s h i p  to  the rece ived  c a r r i e r - t o - n o i s e  r a t i o  (CNR) 
under a l l  c o n d i t io n s .  However in  angle  modulation systems, 
an i d e a l  phase or frequency d e te c to r  is  c h a ra c te r is e d  by 
two d i s t i n c t  regions o f  o p e ra t io n .  When the rece ived  CNR 
is  h igh ,  the output SNR bears an approximate ly  l i n e a r  
r e l a t i o n s h i p  to the in put  and depending upon the d e v ia ­
t i o n ,  they may be an improvement over an e q u iv a le n t  AM 
system. However, when the CNR f a l l s  below a c e r t a in  t h r e s ­
ho ld ,  the s i g n a l - t o - n o i s e  r a t i o  d e t e r i o r a t e s  r a p i d l y .
Taub and S c h i l l i n g  have shown t h a t  fo r  an id e a l  
frequency d i s c r im in a t o r  w ith  a p e r f e c t  r e c ta n g u la r  IF  
f i l t e r  t h a t  the output SNR is  r e la t e d  to  the rece ived  CNR 
by
3Af2 f  CNR(FM)
SNR(FM) = -----------------------------------------------------------------------------  ( 6 .1 9 )
BI|r + 24 CNR(FM) Af . exp
where CNR(FM) is  measured in  the IF  bandwidth o f  2BIF
Under c o n d i t io n s  o f  good c a r r i e r - t o - n o i s e  r a t i o  w ith  a r b i ­
t r a r y  m odulat ion ,  the output no ise  s p e c t r a l  d e n s i t ie s  are
- f  CNR(FM) m
BIF Vm.
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given  by the  s im p le  e x pres s io ns
and
S ( f + f  )
= 2----  (6 . 2 0 )
Ac
2 S ( f + f J
s ( f ) rM = 4ir ------y - £ -  ( 6 , 2 1 )
Ac
fo r  PM and FM systems r e s p e c t i v e l y ,  where Ac is  the c a r ­
r i e r  ampli tude and S ( f + f  ) is  the no ise  s p e c t r a l  de n s i ty  
a f t e r  the IF  f i l t e r .
Hence, the noise  power is  f l a t  ( w h i t e )  in PM systems, 
w hile  in FM i t  is  p r o p o r t io n a l  to the square o f  the  
baseband frequency.  The corresponding output s i g n a l - t o -  
noise r a t i o s  under the above c o n d i t io n s ,  f o r  s in u s o id a l  
modulation and an id e a l  r e c ta n g u la r  baseband f i l t e r  w ith
c u t - o f f  a t  f  , are  m
SNR(PM) = 0 IF
m
(3 )







CNR(FM) ; CNR la r g e ( 6 . 2 3 )
where the in pu t  CNR is  measured in the IF  bandwidth
o f  2 B jp .
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I t  has been shown above th a t  the s i g n a l - t o - n o i s e  
r a t i o  in FM systems under good C/N co nd i t ion s  and w ith  a 
r e c ta n g u la r  IF  f i l t e r  decreases a t  a r a t e  o f  6dB per 
octave .  In p r a c t i c a l  systems, an at tempt is  made to remedy 
t h i s  s i t u a t i o n  by using p re -  and de-emphasis networks in 
the t r a n s m i t t e r  and r e c e iv e r  r e s p e c t i v e l y .  The s ig n a l  is  
passed through a f i l t e r  w ith  a +6dB per octave Chigh-pass 
c u t - o f f )  c h a r a c t e r i s t i c  before  t ran sm iss ion ,  w ith  an 
in verse  ( -6dB , lo w -p ass  c u t - o f f )  f i l t e r  a f t e r  demodulation.  
Hence th e re  is  no net  e f f e c t  on the wanted s i g n a l ,  but 
demodulator output noise is  a t tenua ted  by 6dB per octave,  
le a d in g  to  a uniform SNR across the audio band.
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6 . 5  FILTERING AND DEMODULATION
6 . 5 . 1  SINUSOIDAL MODULATION
Let  the FM s ig n a l  wi th  s in us o i da l  modulat ion be 
represented by




. cos2ir( f  + n f  ) t  c m ( 6 . 2 4 )
Let  t h i s  s ig n a l  be passed through an a r b i t r a r y  f i l t e r  
which has ampl i tude and phase c o e f f i c i e n t s  A^, d respec­
t i v e l y  a t  the sideband f requenc ies ,  f  +n^m* Therefore  the
f
output ,  eFM( t ) ,  is
00 r  -
tp-u( t ) = 5 A J . cos[2 i r ( f  + n f  ) t  + jrf "I ( 6 . 2 5 )
FM n = -«> n n L m. L e m  nJ
This can be r e - w r i t t e n  in terms o f  in-phase and quadrature  
components as




cos(2Trnfmt  + ^n ) cos(2 i r fc t )
-  s i n ( 2 i r n f t  + jzM s in (2 i r f  t )  m n c ( 6 . 2 6 )
Hence the r e s u l t a n t  phase,  9 ( t ) ,  i s *
0 ( t )  = tan 1
00
) A n = -°° n . Jn
Af
fL m.






) A . n= -»  " . Jn
Af
Lf mJ
cos(2irnf  t  m
+ 6 ) 
n
( 6 . 2 7 )
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and the ou tput ,  eQ( t ) ,  from a frequency demodulator is  
eo( t )  = dx ^tan ^  • H I
S1 * S2 + S3 ‘ S4 
^  *■ ( 6 . 2 8 )
where
s i  = An = -°°
Af
Lf m.
A cos(2irnf  t  + A ) n m n
n = - o o
Af
fL m.
2Trnf A cos(2irnf  t  + d ) m n m n




A sin(27rnf  t  + 6 ) n m n




2irnf A s in (2 i rn f  t  + 6 ) m n m n
and
x  =
Although eqn .6 .28  may be s i m p l i f i e d  in p r a c t i c e  due 
to a f i n i t e  f i l t e r  bandwidth and by the na ture  o f  high 
order  Bessel  func t ion s ,  e v a l u a t io n  of  the demodulated s i g ­
na l  i s  s t i l l  cumbersome and ext remely l a b o r io u s .  In a d d i ­
t i o n ,  eq n .6 .28  does not  g ive  the harmonics o f  f  in e x p l i ­
c i t  form, these must subsequent ly be obtained by Fo u r ie r
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a n a l y s i s .  However, i t  has been shown th a t  when the
f i l t e r  ampl i tude c h a r a c t e r i s t i c  i s  even and the phase
c h a r a c t e r i s t i c  is  odd, such th a t  A =A and = -jzf . then-n n -n n
only odd harmonics are present .
6 . 5 . 2  COMPLEX MODULATION
Although the vector  summation process above can be
used fo r  complex modulat ion,  the f i n a l  r e s u l t  i s  l i k e l y  to
be l o s t  in the enormous number o f  computat ions th a t  are
necessary.  A s impler  approach is  to  use the dynamic or
( 4 )asymptot ic  method of  Carson and Fry v which approximates  
the f i l t e r  c h a r a c t e r i s t i c s  by a moderate number o f  terms 
of  a power s e r i e s .  U n f o r t u n a t e ly ,  the number of  terms 
requ i red  to represent  a re c t a n g u la r  type o f  response is  
l a r g e ,  r e s u l t i n g  in a loss of  accuracy* and hence t h i s  
technique is  r e a l l y  only a p p l i c a b l e  to f i l t e r s  wi th f a i r l y  
gent l e  r o l l - o f f  c h a r a c t e r i s t i c s .
6 . 5 . 3  RANDOM MODULATION
Rice has analysed the d i s t o r t i o n  produced by 
f i l t e r i n g  an FM s ig n a l  where the modulat ion is  a zero  
mean, gaussian random process wi th  the two sided power 
spectrum
N ( f )  =
N I f  | < B
0 | f | > B ( 6 . 2 9 )
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where B is the highest  baseband f requency.
Both i d e a l  r e c t an g u l a r  and Gaussian f i l t e r s  were analysed.  
However, the r e s u l t i n g  expressions were der ived using  
f i r s t - o r d e r  approximat ions which are only v a l i d  fo r  smal l  
rms frequency d e v i a t i o n s .  Shimbo and Loo have used 
R i c e ’ s work to c a l c u l a t e  a c tu a l  d i s t o r t i o n  f ig ur es  using  
numerical  techniques.  Anuf f  and Liou have der ived the  
f o l l o w i n g  e m p i r i c a l  formula r e l a t i n g  b a n d l i m i t in g  d i s t o r ­
t i o n  due to  a r ec ta ng u l a r  f i l t e r  o f  bandwidth,  BN, to rms 
d e v i a t i o n ,  a ,  in an FDM-FM system
Bn = 2 f  [ l  + 0 .0651og10(S /D )  + a l o g 10(S /D ) ]  ( 6 . 3 0 )
where S/D i s  the s i g n a l - t o - d i s t o r t i o n  a t  the highest  
baseband frequency of  f h -
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6 . 6  INTERFERENCE DUE TO UNWANTED SIGNALS
6 . 6 . 1  GENERAL RESULT FOR A SINGLE INTERFERER AND 
SINUSOIDAL MODULATION
I n t e r f e r e n c e  a r is e s  in Fm systems when s igna ls  other  
than t h a t  desi red  are present  in the r e c e i v e r  IF .  The 
i n t e r f e r i n g  s ig n a l  may or may not be modulated and can be 
of  the same nominal  c a r r i e r  f requency (co-channel  
i n t e r f e r e n c e )  or o f f s e t  by the channel  spacing (a d ja ce n t  
channel  i n t e r f e r e n c e ) .
Let  the wanted s ig na l  wi th s i n u s o id a l  modulat ion,  
e1( t ) ,  be represented in the usual  way by;
Consider  a s i n g l e  i n t e r f e r e r ,  e2 ( t ) ,  w i th  c a r r i e r
ex ( t )  = cosjz^tt )
( 6 . 3 1 )
f requency,  f 2 , and phase, modulated by a s inusoid a t  
f requency,  f m2, l
e2 ( t )  = cosjzf2 ( t )
T ^ Af2= x cos 2ttf  t  + 0 + — £sin2Trf 0 t2 o f m0 m2 ( 6 . 3 2 )
where | x |  <1
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The r e s u l t a n t  phase angle ,  0 ( t ) ,  is  given by;
OCt) = ^ ( t )  ♦ t a n - 1 ^  z ( 6 . 3 1 )
where t f ( t )  = jz*2 ( t )  -  ^ ( t )
The output  o f  an FM d e t e c t o r ,  eQ( t ) ,  i s  p r o p o r t io n a l  to  
the instantaneous f requency of  the r e s u l t a n t .  Therefore
eQ( t ) _ i  d 9 ( t ) 2tt ~d t
dx d ^ ( t )
- djrfCt) • dt
( 6 . 3 3 )
where x -  z s l n r f ( t )  
where " 1 + z cosjz((t)
Eva l ua t ion  o f  the funct ions in x gives
e ( t )  = f .  + Af,  cos2irf t  +  z + z cosr f ( t )  _
0 1 1 ml 1 + 2z cosjrf(t) + z2
dr f ( t )
dt
( 6 . 3 4 )
The f i r s t  terms repr es ent  the output  in the absence of  
i n t e r f e r e n c e ,  w h i l s t  the remainder represents  the d i s t o r ­
t i o n  components.
I t  has been shown by Cor r ington t h a t  eQ( t )  can be 
represented by the F o u r ie r  se r ie s
00
= f i + A f i cos2irfmi t  " 5 o 1 1  l s
( - 1 ) SZS 5m = -a>
r s A f , l
ml J
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rs4V  r 1• ) 7 — “ • sfo - sf.  -  mf . + nf  J„4 ~ n f_„ L 2 1 ml m2Jn = -oo
. cos
m2
* [ s f 2 -  s f j  -  mfml + n f m2] t  + %i ( 6 . 3 5 )
This i s  the genera l  expression fo r  a s i n g l e  i n t e r f e r e r .  
I t  can be seen from eqn.6 .35  t h a t  i f  the demodu­
la t e d  output  s i g n a l  does not in general  conta in  the f r e ­
quency f m2 » the i n t e r f e r e n c e  i s  u n - i n t e l l i g i b l e .  When
i t  i s  desi red to f in d  the l e v e l  of  i n t e r f e r e n c e  f a l l i n g
w i t h in  a given audio frequency band 0 - f _ ,  eqn .6 .36  must be□
solved fo r  a l l  va lues of  s,  m and n, and these values then 
i n se r te d  i n t o  eqn .6 .35  to  f in d  the component ampl i tudes.
| s ( f 2 -  f x ) -  mfml + n f j  < f B C6.36)
This equat ion i s  o f  D iophant ine  ^  form w i th  th ree  v a r i -  
ab les ,  fo r  which there  e x i s t  an i n f i n i t e  number o f  so lu ­
t i o n s ,  al though the d i s t o r t i o n  components fo r  which Im| 
and |n|  are l a r g e  are o f  smal l  magnitude due to the na ture  
of  Bessel  fu nc t i on s .
6 . 6 . 2  OTHER CONDITIONS
For each a d d i t i o n a l  unwanted s ig n a l  the complexi ty  of  
the above equat ions would be f u r t h e r  increased by the  
i n c l u s io n  of  another  Bessel  fu nc t ion  summation and an 
a d d i t i o n a l  v a r i a b l e  in s i d e  the cosine f u n c t io n .  I f  both
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the wanted and i n t e r f e r i n g  s i g n a l  had complex modulat ion
co ns is t in g  of  M s in us o i da l  components, then both the
Bessel  c o e f f i c i e n t s  in eqn.6 .35  would be replaced by a
product  of  M Bessel c o e f f i c i e n t s .  The products
n f  . and mf would a lso be replaced by s e r i e s  o f  the form ml mz
\  n f  e t c .  and the whole equat ion would have to be Z, m m  m= 1
eva luated fo r  a l l  sets o f  n , m and s s a t i s f y i n g  am m
Diophant ine  equat ion .
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6 . 7  CONCLUSIONS
The n o n - l i n e a r  na ture  o f  angle modulat ion has been 
shown to make ana lys is  using c l a s s i c a l  techniques  
ex tremely  complex unless cons iderab le  o v e r - s i m p l i f i c a t i o n s  
are made. Hence i t  i s  ext remely d i f f i c u l t  to p r e d i c t  the  
s ig n a l  degrada t ion  in p r a c t i c a l  systems due to b a n d l i m i t -  
ing and co-channel  i n t e r f e r e n c e  fo r  anything but the sim­
p l e s t  s i n u s o id a l  modulat ing s i g n a l .  Hence, in order to be 
able  to make d e t a i l e d  comparisons between the l i k e l y  per ­
formance of  a convent iona l  narrow-band FM and a yet  more 
complex TCM-FM system, a r a d i c a l l y  d i f f e r e n t  analys is  
technique i s  r e q u i r e d ,  p r e f e r a b l y  one which lends i t s e l f  
to computer s i m u l a t io n .
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CHAPTER SEVEN
ANALYSIS OF ANGLE MODULATION USING THE
DISCRETE FOURIER TRANSFORM
7.1  INTRODUCTION
The a p p l i c a t i o n  of  the d i s c r e t e  F o u r ie r  t ransform  
(OFT) and i t s  d e r i v a t i v e ,  the f a s t  Fo u r ie r  t ransform  
(FFT) ,  to the an a l y s i s  o f  frequency modulat ion wi th both 
s i n u s o id a l  and complex message s igna ls  i s  considered.  I t  
i s  shown t h a t  computer implementat ions o f  the techniques  
are eminent ly  s u i t e d  to s p e c t r a l  a n a l y s i s  and to the  
de te rmina t ion  o f  in te rmo du la t ion  d i s t o r t i o n  due to  
b a n d l i m i t in g  and co-channel  i n t e r f e r e n c e .  The techniques  
are then extended to cover n o i s e - l i k e  modulat ing s igna ls  
by employing a Monte Car lo  procedure wi th pseudo­
random noise samples.
For v e r s a t i l i t y ,  separate  s p e c i a l i s e d  computer sub­
ro u t ine s  ( l i s t e d  in Appendices A to F) were developed for  
each area of  a n a l y s i s .  Extensive  r e s u l t s  are presented  
which are shown to be in very good agreement wi th  other  
publ ished work and p r a c t i c a l  measurements. These conf i rm  
the v a l i d i t y  o f  the techniques and prov ide conf idence in 
the extended a p p l i c a t i o n  wi th  t ime-compression mu l t ip lex ed  
baseband s i g n a l s ,  as descr ibed in chapters 8 and 9.
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7 . 2  SPECTRAL ANALYSIS
7 . 2 . 1  DETERMINISTIC SIGNALS
The convent iona l  Fo ur ie r  t r an s f o rm , Y ( f ) , o f  the FM 
waveform
= Re Ac e
j2ir f  t  + 4^  s in2i r f  t  c f  mm ( 7 . 1 )
may be r e a d i l y  obta ined by using the standard r e s u l t  fo r
J2lTfot  e . Hence
Y(f) = WAc J .  Jnn = -°° Af"f. m. • 6 Tf -Cf +nf )!+«[> +L c m J L  c m J j
( 7 . 2 )
Eqn .7 .2  i s  the d i r e c t  frequency domain eq u i v a le n t  o f  the  
Fo ur ie r  s e r i e s  expansion der ived in chapter  6.  There fo re ,  
use of  the convent iona l  t ransform does not  aid the spec­
t r a l  an a ly s is  problem s ince the Bessel  c o e f f i c i e n t s  are  
s t i l l  p resen t ,  and indeed i f  the t ransform fo r  complex 
modulat ion is  d e r iv e d ,  the r e s u l t  w i l l  be seen to invo lve  
a Diophant ine  equa t ion .
However, i t  is  possib le  to eva l ua te  the Fo ur i e r  
t ransform of  an FM waveform nume r ica l l y  wi thout  the use of  
Bessel funct ions  using a se t  o f  N equa l l y  spaced samples 
taken in the t ime domain over a s i n g l e  per iod of  the s i g -
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n a l ,  T. This technique,  known as the d i s c r e t e  Four ie r  
t ransform (DFT) ,  i s  d e t a i l e d  in Appendix A along wi th a 
Fort ran  77 subrout ine  l i s t i n g .  The Appendix also  
descr ibes a modi f ied technique based upon the f a s t  Four ier  
t ransform (FFT) which o f f e r s  improved e f f i c i e n c y .
For a s i n u s o i d a l l y  modulated s i g n a l ,  the pe r iod ,  T,
of  the waveform is  simply the r e c i p r o c a l  o f  the h ighest
common f a c t o r  (HCF) of  f  and f  . However, i t  i s  shown inm c
Appendix A t h a t  fo r  optimum use o f  the a v a i l a b l e  samples,
f  should be made equal  to  N/4T,  and t h a t  then when N/4 isc
an i n t e g e r ,  the pe r io d ,  T, i s  simply ! / f m> For a complex 
modulat ing s ig n a l  composed o f  M s inuso ids ,  the per iod is  
given by
T = ------------1- ( 7 . 3 )
h c f L 5m f m ]
where the same cond i t ions  on N and f  apply .
Although the per iod f o r  complex modulat ion i s  always at  
l e a s t  as g rea t  as fo r  any s i n g l e  component, s p e c t r a l  
an a l y s i s  using the DFT is  f a r  less l abor ious  than the  
c l a s s i c a l  Fo u r ie r  s e r ie s  approach in v o lv in g  Diophant ine  
eq ua t i on s .
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7 . 2 . 2  RANDOM SIGNAL TECHNIQUES
S pe c t r a l  an a l y s i s  wi th var ious d e t e r m i n i s t i c  modulat­
ing s ig na ls  i s  i n v a lu a b l e  in the comparison of  FM systems.  
However, s ince the m a j o r i t y  of  p r a c t i c a l  systems are  
intended fo r  voice communication,  an a ly s is  wi th  some form 
of  speech l i k e  s ig n a l  would be p r e f e r a b l e .  Due to i t s  
a p e r i o d i c i t y , speech is  no t ,  however,  s u i t a b l e  fo r  the  
type o f  DFT an a l y s i s  c i t e d  p r e v io u s ly ,  Although i t  i s  pos­
s i b l e  to c h a r a c t e r i s e  shor t  segments o f  speech (eg.  a s i n ­
g le  u t t e r a n c e ) ,  such a process req u i re s  a d e t a i l e d  
knowledge of  speech c h a r a c t e r i s t i c s  and s t a t i s t i c s .
In fdm systems, i f  the number of  speech channels is  
s u f f i c i e n t l y  l a r g e ,  the s t a t i s t i c a l  p r o p e r t i e s  of  the mul­
t i p l e x e d  s ig n a l  become s i m i l a r  to those o f  random noise
Hence, i t  has become common p r a c t i c e  to eva lu a te  such
systems using a random noise t e s t  s i g n a l .  Although random
noise does not t r u l y  represent  a speech s i g n a l  in a s in g le
channel  system, noise loading te s ts  have s t i l l  been used
( 2 )fo r  FM systems v , p r i n c i p a l l y  due to the lack  of  any 
other  e a s i l y  handled s i g n a l .
The use o f  a random noise s ig n a l  instead of  speech 
s t i l l  does not  overcome the a p e r i o d i c i t y  problem pre v en t ­
ing the use of  the d i s c r e t e  Fo u r ie r  t rans form.  However* 
Bennett  ^  has shown t h a t  i t  i s  q u i t e  l e g i t i m a t e  to
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repr es ent  a narrow band of  gaussian noise by a s u f f i ­
c i e n t l y  l a r g e  number, M, o f  constant  a m p l i t u d e , ' e q u a l l y  
f requency spaced tones of  random but un i fo rmly  d i s t r i b u t e d  
phase.  I f  the bandwidth of  the noise s i g n a l  i s  W (H z ) ,  
then the waveform is  r e p e t i t i v e  wi th  per iod M/B ( s e c . ) .  
However,  two problems remain:
( 1 )  A t r ue  gaussian instantaneous ampl i tude d i s t r i b u t i o n  
re qu i re s  an i n f i n i t e  number o f  tones,
( 2 )  This technique of  noise r e pr es en t a t io n  req u i re s  th a t  
the r e s u l t s  be averaged over a l l  poss ib le  combina­
t i o ns  of  i n i t i a l  random phases in order  to obtain  
absolute  accuracy.
Medhurst and Roberts have p l o t t e d  the i n s ta n ta n e ­
ous ampl i tude d i s t r i b u t i o n  fo r  var ious numbers of  randomly 
phased equal  ampl i tude tones.  Whereas a value of  M=10o 
produces a very good approximat ion to gaussian,  the re  is  
only a smal l  e r r o r  ( equa l  to about a ldB reduct ion in the 
instantaneous ampl i tude reached fo r  less  than 0.00001% of  
the t ime)  fo r  M=20. .Hence a value w i t h in  t h i s  range would
seem to represent  a good compromise between accuracy and
( 2 )complex i ty .  I t  has a lso  been shown by R u t h r o f f  th a t
the average o f  the r e s u l t s  o f  a number of  i n i t i a l  random 
phase sets normal ly  shows good convergence a f t e r  only a 
modest number o f  runs,  however,  t h i s  should be v e r i f i e d
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f o r  each p a r t i c u l a r  a p p l i c a t i o n .  Techniques which e x p l o i t  
these two approximat ions fo r  random an a ly s is  are known as 
Monte Car lo  procedures.  Resul ts  o f  s u f f i c i e n t  accuracy can 
g e n e r a l l y  be achieved wi th only a moderate amount of  
e f f o r t ,  wi th  f u r t h e r  improvement only ob ta i na b le  a f t e r  a 
g r e a t  deal  more work.
7 . 2 . 3  MONTE CARLO RESULTS
A subr ou t ine ,  SPEC. for ,  invoking the FF T . fo r  subrou­
t i n e ,  fo r  Monte Car lo  an a ly s is  of  FM spec t ra  wi th pseudo­
random noise modulat ion i s  given in Appendix B. An e f f i ­
c i e n t  method o f  c a l c u l a t i n g  the requ i red  t r ig o no me t r i c  
s e r i e s  i s  used wi th  pseudo-random phases angles from
RAND.for (Appendix C) .
The per iod of  the waveform fo r  DFT an a l y s i s  wi th the  
c a r r i e r  se t  to N/4T and N=kT, where k i s  an i n t e g e r ,  is  
simply the per iod of  the pseudo-random noise s i g n a l ,  W/B. 
To s imu l a te  both 12.3 and 25kHz convent iona l  narrow-band  
FM systems, a noise bandwidth of  3kHz was used wi th rms 
f requency d e v ia t i o n s  o f  1.5kHz and 3kHz r e s p e c t i v e l y .  
Monte Car lo  processes were performed using M=30 and 60 
tones ,  corresponding to per iods of  10 and 20ms respec­
t i v e l y .  The f i n a l  s p e c t ra ,  averaged over 100 independent  
runs,  and shown in f i g s . 7.1  and 7 . 2 .  There i s  e x c e l l e n t  
c o r r e l a t i o n  between the re sp e c t iv e  spec t ra  fo r  M=30 and
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M=60 tones,  w i th  only a marginal  increase o f  less than 5% 
in the -lOOdB bandwidth fo r  the l a t t e r  system.
For noise modulat ion,  Carson's r u l e  has been 
expressed as
B = 2W(1 + 4 ( 7 . 4 )
where W is  the noise bandwidth,  and the peak f r e ­
quency d e v ia t i o n  i s  assumed to be four  t imes the rms d e v i ­
a t i o n ,  a .  The average peak- to- rms value of  the pseudo­
random noise s ig n a l  above wi th M=30 tones,  over 100 runs,  
was measured as 2 . 5 1 ;  a f i g u r e  somewhat less  than Carson’ s 
formula .  To v e r i f y ,  the r u l e  wi th t h i s  new f i g u r e ,  98,  99,  
99.5  and 99.75% s p e c t r a l  power bandwidths were c a lc u la te d  
fo r  a range o f  rms de v i a t i o n s  and the r e s u l t s  p l o t t e d  in 
f i g . 7 . 3 .  I t  can be seen th a t  the bandwidth est imated from 
Carson’ s formula w i th  the rev ised f i g u r e  i s  a very good 
approximat ion to the computed r e s u l t s .
The convergence o f  the above bandwidth f igur es  
aga ins t  number o f  runs averaged is  p l o t t e d  fo r  de v i a t io n s  
of 2.7kHz and 3kHz in f i g s . 7 . 4 ( a )  and (b )  r e s p e c t i v e l y .  
The f ig ur es  i n d i c a t e  e x c e l l e n t  accuracy a f t e r  100 runs,  
w h i l s t  acceptable  accuracy i s  obtained a f t e r  only some 50 
runs .
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7 . 3  FILTERING AND DEMODULATION ANALYSIS
7 . 3 . 1  PRINCIPLES
I t  has been shown in sect ion 7 .2  how the d i s c r e t e  
F o u r ie r  t ransform and in p a r t i c u l a r  the Fast  Four ier  
t rans form,  can be used fo r  s p e c t r a l  an a ly s is  of  FM. The 
technique may be r e a d i l y  extended to inc lude  the e f f e c t s  
of  b a n d l i m i t in g  simply by m u l t i p l y i n g  the complex s p e c t r a l  
components by the corresponding f i l t e r  c o e f f i c i e n t s .  Tak­
ing the inverse d i s c r e t e  t ransform then y i e l d s  a sampled 
t ime-domain waveform from which the instantaneous f r e ­
quency and hence the output  from an i d e a l  l i m i t i n g  f r e ­
quency d i s c r i m i n a t o r  may be de r iv ed .  F i n a l l y ,  a second
d i s c r e t e  t ransform may be taken to y i e l d  the demodulated
s ig n a l  spectrum. A d e t a i l e d  d e s c r ip t io n  of  the a lgo ­
r i thm s ,  e s p e c i a l l y  the demodulat ion process,  along wi th a
subrout ine  F ILDEMl . fo r  fo r  s in us o i da l  s ig na ls  is  given in 
Appendix D.
With s i n u s o id a l  modulat ion,  the r e s u l t i n g  d i s t o r t i o n  
may e i t h e r  be expressed as the l e v e l  o f  a p a r t i c u l a r  ha r ­
monic or as the r a t i o  o f  the average d i s t o r t i o n  occur r ing  
in a given bandwidth to the fundamental .  Both o f  these  
methods can produce mis leading r e s u l t s  when the frequency  
in quest ion is  a t  e i t h e r  extreme o f  the audio passband* At 
low f r eq uenc ies ,  th e r e  are many poss ib le  in-band d i s t o r -
-  149 -
t io n  produc ts ,  hence quot ing the l e v e l  o f  say,  the t h i r d -  
harmonic,  does not g ive a t rue  r e pr es en t a t io n  of  s ig na l  
q u a l i t y .  Conversely ,  a t  f requencies  above about 1 .5kHz,  
the average in-band d i s t o r t i o n  f i g u r e  w i l l  be zero.
A su per io r  method of  assessing the s ig n a l  degradat ion  
due to f i l t e r i n g  may be obtained using a pseudo-random 
t e s t  s i g n a l .  A d i s c r e t e  e q u iv a l en t  of  the fdm noise load ­
ing technique wi th  a notch a t  the measurement frequency  
can be implemented.  The component a t  the desi red  frequency  
i s  removed from the baseband s ig n a l  before  modulat ion.  
Then a f t e r  f i l t e r i n g  and demodulat ion,  the s ig n a l  power 
occur r ing  in t h i s  frequency ’ s l o t ’ r e l a t i v e  to the average  
wanted s i g n a l  power is  a measure of  the t o t a l  s ig na l  
degrada t ion  due to  both in te rmo du la t ion  and harmonic 
mechanisms. By employing Monte Car lo  techniques and 
r ep ea t in g  the measurement over a range of  baseband f r e ­
quency ’ s l o t s * , a c h a r a c t e r i s t i c  fo r  the p a r t i c u l a r  f i l t e r  
under examinat ion may be produced. A subrout ine*  
FlLDEM2. for ,  to perform these processes i s  given in Appen­
dix  E.
7.3.2 SINGLE POLE BANDPASS FILTER
Although t h i s  c lass  o f  f i l t e r  f inds  l i t t l e  p r a c t i c a l  
a p p l i c a t i o n  in FM systems, i t  was inc luded to permi t  com­
par ison o f  the r e s u l t s  wi th  those obtained from p r a c t i c a l
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measurements by Bodtmann ( 5 ) and from Bedrosian and R i c e ’ s
t h i r d  order  approximat ion The cont inuous f i l t e r  f r e ­
quency response,  Y ( f ) ,  i s  given by
Y ( f )  =
1+j
1
f  -  f
TB
( 7 . 5 )
where B i s  the bandwidth a t  the -6dB p o in t s .
The corresponding d i s c r e t e  complex f i l t e r  c o e f f i c i e n t s ,  
Y ( i ) = ( a + j b ) ,  are de f ined using the usual  no ta t io n  by
Y ( i ) =
1 + T f i - N / 4 - 1 )
2 ’
’t [ i - N / 4 - 1 ) ’
f  B j
1+ 'Tf i - N / 4 - 1 ) ’
2
f  B J
f o r  1 < i  < (N /2+1)
1 + T(3 N / 4 + l - i )
2 '
T( 3 N /4 + 1 - i  )"
f B J
1 + Tf 3 N /4 + 1 - 1 )
2
f B J
f o r  N/2+1 < i  < N ( 7 . 6 )
where the f i l t e r  ce n t r e  f requency i s  N / 4 T and the  
complex conjugate o f  eqn .7 .5  i s  used fo r  nega t ive  f requen­
c ies  ( i  > N /2 + 1 ) .
Bodtmann’ s f i l t e r  had a ha l f -ban dwid th  (B) of
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1.223MHz and the te s t s  were performed fo r  modulat ing f r e ­
quencies of  84kHz, 360kHz and 1MHz fo r  va r ious  rms f r e ­
quency d e v i a t io n s  up to 2MHz. To permi t  comparison wi th  
r e s u l t s  fo r  audio systems, the above parameters were
scaled such t h a t  the modulat ing f requencies  become 
252Hz,1080Hz and 3kHz. The f i l t e r  ha l f -bandwid th  then
becomes 3669Hz and the maximum peak d e v ia t i o n  + 8 . 48kHz fo r  
s in u s o id a l  s i g n a l s .  The l e v e l s  o f  t h i r d  harmonic d i s t o r ­
t i o n  computed using F ILDEMl . fo r  along w i th  Bodtmann’ s 
r e s u l t s  are compared in f i g . 7 . 5 .  There i s  g e n e r a l l y  good 
agreement between the two sets o f  r e s u l t s ,  wi th  the  
g r e a t e s t  d iscrepancy a t  3kHz. For rms frequency de v ia t io ns  
l ess  than the f i l t e r  h a l f -b an dw id th ,  the d i s t o r t i o n  a t  a l l  
baseband f requencies  increases a t  about 12dB per octave of  
f requency d e v i a t i o n .  At low d e v i a t i o n s ,  the d i s t o r t i o n  
r i s e s  wi th  baseband frequency up to  about 1kHz, where upon 
i t  decreases s l i g h t l y  w i th  f u r t h e r  increase in f requency.
For random modulat ion,  Bodtmann used noise bandl im-  
i t e d  to  1MHz. Monte Car lo  runs were performed using 
FILDEM2. for  wi th  M=30 and 100 runs,  using the same f r e ­
quency sc a l in g  f a c t o r  as above. Bodtmann’ s scaled meas­
urement f requencies  of  252Hz, 1080Hz and 3KHz correspond 
to s l o t  p o s i t io n s  of  2 / 3 ,  10/11 and 30 r e s p e c t i v e l y .
Resul ts  a t  these and other  s l o t  p o s i t io n s  are compared 
wi th  Bodtmann’ s data and Bedrosian and R i c e ’ s approxima-
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t i o n  in f i g . 7 . 6 .  There i s  e x c e l l e n t  c o r r e l a t i o n  between 
the Monte Car lo  r e s u l t s  and Bodtmann’ s r e s u l t s  wi th the  
t h i r d - o r d e r  approximat ion (12dB per octave o f  d e v i a t i o n )  
only r e a l l y  being a p p l i c a b l e  fo r  low frequency d e v ia t i o n s .
7 . 3 . 3  RECTANGULAR FILTER
Due to the d i s c o n t i n u i t i e s  a t  the band edges, the  
i d e a l  r e c t an g u l a r  f i l t e r  is  not  r e a d i l y  amenable to an 
exact  s i m u l a t io n .  However, an a r b i t r a r y  c lose Fo ur ie r  
se r i e s  approximat ion can be obtained wi th  a f i n i t e  number 
of  terms,  K. Let  B and -B be the band edges o f  the f i l t e r ,  
then a cosine s e r ie s  r e p r e s e n t a t i o n ,  Y ( f ) ,  over the i n t e r ­
va l  -2B to 2B is  given by
To avoid the Gibbs overshoot  problem due to tak ing  only a 
f i n i t e  number o f  terms,  a l l  the terms were t runcated using
sin
Y ( f )  = '    . cosjTrf/2B ( 7 . 8 )
the method of  Anuf f  and Liou wi th  K=64. Hence Y ( f )
becomes
Y ( f ) =
2 2 [C6A- j ) 3 -  4 ( 3 2 - j ) 3] . s i n j i r / 2  . cosj i r f /2B
+
4 2 [ ( 6 4 - j ) 3J . s in j i r / 2  . cosj i r f /2B
( 7 . 8 )
j=33
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The f i n a l  response is  shown in f i g . 7 . 7 .
The in te rmo du la t ion  d i s t o r t i o n  in a + 7 . 5kHz pseudo-  
r e c t a n g u la r  f i l t e r  a t  s l o t  po s i t i on s  1 , 5 , 1 0 , 1 5 , 2 0  and 30 
c a l c u l a t e d  using FILDEM2.for  a f t e r  100 runs wi th M=30 
tones i s  shown in f i g . 7 . 8 . For the m a j o r i t y  o f  the curves,  
the d i s t o r t i o n  increases  a t  g r e a te r  then 30dB per octave  
of  frequency d e v i a t i o n .  The curves are a lso ch ar ac t e r ise d  
by r e l a t i v e l y  constant  s i g n a l - t o - d i s t o r t i o n  r a t i o  (S/D)  at  
low d e v i a t i o n s ,  and very abrupt  d e t e r i o r a t i o n  as the nor ­
mal ised rms d e v i a t i o n  approaches u n i t y .  The l i m i t i n g  
values of  S/D a t  very low d e v ia t io n s  are probably caused 
by rounding e r r o r s  in the t r ig o no m e t r ic  se r ie s  and FFT 
a l g o r i t h m s .
The v a r i a t i o n  in the s i g n a l - t o - d i s t o r t i o n  r a t i o  wi th  
f i l t e r  bandwidth,  measured a t  1kHz and 3kHz i s  shown in 
f i g s . 7 .9  and 7 .10  r e s p e c t i v e l y .  The increase in the slope  
of  the curves w i th  r i s i n g  f i l t e r  bandwidth i s  c l e a r l y  
shown. In a d d i t i o n ,  the S/D i s  constant  fo r  a major pro­
por t ion  o f  the curves fo r  the l a r g e r  bandwidths.  The 
i n fo rmat ion  from the above diagrams is  p l o t t e d  as contours  
of  constant  s i g n a l - t o - d i s t o r t i o n  r a t i o  in f i g s . 7 . 1 1  and 
7 .1 2 .  Except fo r  smal l  normal ised rms frequency d e v i a t io n s  
below about 0 . 2 , a very good l i n e a r  f i t  i s  obtained to the  
former wi th
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7.11 Necessary filter bandwidth for given
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g. 7 . 1 2  Necessary filter bandwidth for given rw*» *****
eI gnal~to-dlstortI on ratio versus n o r m a l i s e d  n o ** CJ~ 
rms freq. dev. B a s e b a n d  f r e quency = 2kHi» W
-  1 6 2  -
B = i  + o rs/o-j 1 2 1.20^1 o + 1 + 0 . 8
rs/D- 
L20 J ( 7 . 9 )
and to  the  l a t t e r  w i th
B = 2 + 2 4  FS/D1 2 2 , 4 l2iTJ CT +  2  +  [ f o ^ J  w ( 7 . 1 0 )
where a =rms f r e q .  d e v . ,  W= noise  bandwidth,  and 
=log ( t r u e  s i g n a l - t o - d i s t o r t i o n  r a t i o ) .
These equat ions are  of  very s i m i l a r  format  to th a t  
obtained by Anuf f  and Liou f o r  pre-emphasised FDM-Fm sys­
tems ( e q n . 6 . 3 0 ) .
7 . 3 . 4  CRYSTAL FILTER
In e x i s t i n g  narrowband Fm communications equipment,  
c r y s t a l  f i l t e r s  are  employed a t  the IF stage to prov ide  
the bulk o f  the r e c e i v e r  s e l e c t i v i t y .  However, these  
f i l t e r s  a lso in t roduce cons iderab le  d i s t o r t i o n  in to  the  
s ig n a l  due not  only to  the a t t e n u a t io n  of  components out ­
s ide  the f i l t e r  passband, but a lso due to the n o n - l in e a r  
phase response in the passband. I t  i s  d e s i r a b l e  to be 
able  to assess the e f f e c t s  o f  the ampl i tude and phase 
c h a r a c t e r i s t i c s  s e p a r a t e l y ,  which i s  obviously  not poss i ­
b le  by p r a c t i c a l  measurement.
Although the response of  a r e a l  c r y s t a l  f i l t e r  can 
not be de f ined  in the same way as previous f i l t e r s ,  i t  is
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s t i l l  poss ib le  to use the d i s c r e t e  F o ur ie r  t ransform  
approach using a se t  o f  measured parameters.  T h e ' f i l t e r s  
chosen were 10.7MHz ITT Types 024DC and 024BC intended for  
± 1 2 . 5kHz and +25kHz channel  spacing systems r e s p e c t i v e l y .  
These f i l t e r s  are  7 -po l e  types wi th  nominal  - 6 dB 
bandwidths of  + 3 . 75kHz and ± 7 . 5kHz and a maximum quoted 
peak passband ampl i tude r i p p l e  o f  +2dB. Both f i l t e r s  have 
i d e n t i c a l  input  and output  impedances of  910 ft in p a r a l l e l  
wi th  25pF. A standard s i n g l e  LC network was used to match 
t h i s  to the measurement impedance o f  50ft a t  10.7Mhz.
The harmonic d i s t o r t i o n  a t  1kHz wi th  a peak d e v ia t io n  
of  +5kHz fo r  the ± 7 . 5kHz f i l t e r  obtained from p r a c t i c a l  
measurement i s  shown in f i g . 7 . 1 4 ( a ) .  E x c e l l e n t  c o r r e l a ­
t i o n  was achieved wi th computed r e s u l t s  shown in 
f i g . 7 . 1 4 ( b ) .  Resul ts  fo r  pseudo-random modulat ion fo r  
M=30 tones averaged over 100 runs were obtained from a 
modi f ied  ve rs ion of  FI i_DEM2.for.  S l o t s  1 , 5 , 1 0 , 1 5 , 2 0  and 30 
were analysed using both the f u l l  f i l t e r  response  
( f i g s . 7.15 and 7 . 1 7 )  and the l i n e a r - p h a s e  ampl i tude only  
response ( f i g . 7 .1 6  and 7 . 1 8 ) .  In a l l  cases the S/D for  
s l o t  1 i s  ap pr ec i ab l y  g r e a te r  then fo r  any other  s l o t .  For  
the + 3 . 75kHz f i l t e r ,  the l i n e a r i s a t i o n  o f  the phase 
response increases the S/D by anything from 15 to 25dB,  
and the performance f o r  s l o t s  1 , 5 , 1 0  and 15 i s  maintained  
fo r  higher  rms f requency d e v i a t i o n s .  For the higher  s l o t
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p o s i t io n s  (20 and 3 0 ) ,  the performance f a l l s  o f f  r a p i d l y  
wi t h  increas ing  d e v i a t i o n ,  due p r i m a r i l y  to  the bandwidth 
of  the f i l t e r  being i n s u f f i c i e n t  to  pass the second order  
sidebands a t  these f r eq uenc ies .  The c h a r a c t e r i s t i c s  wi th  
the + 7 . 5kHz f i l t e r  are not  d i s s i m i l a r  to those discussed 
above, al though the average s i g n a l - t o - d i s t o r t i o n  l e v e l s  
are  h i ghe r .  There i s  a lso a pronounced dip in the curve  
fo r  s l o t  30 wi th  the l i n e a r  phase f i l t e r  around a normal­
ised d e v ia t i o n  o f  0 . 4 .
-  169 -
•  I 8 n a l - t o - d l • tor11 on r a t i o  dB
s lo t  no
N“ 1024 samples
per io d  = 10ms
noise bandwidth = 3kHz
(M = 30 s inusoids 8 fm = 100Hz)





. 4 .5 .8 1 . 0. 3 .6.1 . 2
F l f l . 7 . 1 7  Computed In te rm odu la t I on  d i s t o r t i o n  In
+ / -7 .5 k H z  c r y s t a l  f i l t e r  f or Pseudo-fanism  
modulat ion uslno a Monte Carlo process.
not se^  bw
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7 . 4  CO-CHANNEL INTERFERENCE
7 . 4 . 1  PRINCIPLES
The presence o f  an unwanted co-channel  s ig na l  may be 
r e a d i l y  analysed by summing the i n t e r f e r e r  wi th  the wanted 
FM s i g n a l  in the t ime domain, w i thout  recourse to f r e ­
quency domain t r a n s fo rm a t i o n .  The demodulated s ig na l
waveform and i t s  spectrum may then be found in the normal
manner using j u s t  one DFT process.  The a lg or i thm is  only
compl icated by the need to ensure t h a t  the c o r r e c t  per iod
is  used fo r  the composite waveform. For a s in g le
i n t e r f e r e r ,  and c a r r i e r  f requencies  of  f   ^ and ?c2 * wi th  
modulat ing s igna ls  of  per iod T  ^ and T^, t h i s  i s  given by
T = HCF<f c l ’ f C2 ’ 1 / T 1 ’ 1 / T 2 J ( 7 ’ U )
When one c a r r i e r  frequency i s  N/4T (N>4) and the o f f s e t
between the two c a r r i e r s  is  f  , t h i s  s i m p l i f i e s  to
T = HCF( fQ, 1 / T : , 1 / T 2 ) ( 7 . 1 2 )
I t  can be seen th a t  when the o f f s e t  i s  smal l  but not zero,
the per iod i s  very long,  and hence the computat ion i s  very
slow.  The su br ou t in e ,  COCHANl. for,  l i s t e d  in Appendix F,  
implements the a lgor i thms  requ i red  to  c a l c u l a t e  intermodu­
l a t i o n  d i s t o r t i o n  due to a s i n g l e  i n t e r f e r e r ,  when both 
wanted and un-wanted s igna ls  are  modulated by pseudo-
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random n o is e .
7 . 4 . 2  RESULTS WITH A SINGLE INTERFERER
Monte Car lo  r e s u l t s  fo r  s l o t s  1 , 5 , 1 0 , 1 5 , 2 0  and 30 
wi th  the co-channel  i n t e r f e r e r  a t  a l e v e l  o f  -60dB r e l a ­
t i v e  to the wanted s i g n a l  and zero c a r r i e r  o f f s e t  are  
shown in f i g . 7 . 1 9 .  Each s l o t  po s i t io n  has the same general  
c h a r a c t e r i s t i c ,  w i th  the h ighest  immunity to i n t e r f e r e n c e  
being displayed by s l o t  1. The b e n e f i t  o f  increased f r eq .  
d e v i a t i o n  (above a normal ised value of  about 0 .2 5 )  is  
c l e a r l y  v i s i b l e ,  w i th  an abrupt  change in the slope of  a l l  
curves.  Resul ts  a t  o ther  un-wanted s ig n a l  l e v e l s  up to  
- lOdB below wanted,  in d i ca te d  a l i n e a r  r e l a t i o n s h i p  of  
s i g n a l - t o - d i s t o r t i o n  wi th  i n t e r f e r e r  magnitude.  Fur ther  
r e s u l t s  wi th  c a r r i e r  o f f s e t s  o f  100 and 200Hz in f i g . 7 .20  
show l i t t l e  va r iance  from those in f i g . 8 . 19 .  Hence the  
s i g n a l - t o - d i s t o r t i o n  ( a t  constant  i n t e r f e r e r  l e v e l )  wi th  
pseudo-random noise modulat ion i s  p r i m a r i l y  dependent upon 
frequency d e v ia t io n  and the measurement ( s l o t )  f requency.
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7 .5  CONCLUSIONS
The d i s c r e t e  Fo ur ie r  t ransform has been shown to be 
eminent ly  s u i t a b l e  fo r  the s p e c t r a l  ana ly s is  and assess­
ment of  message s ig n a l  degradat ion due to ba nd l i m i t in g  and 
co-channel  i n t e r f e r e n c e  in angle modulat ion systems. The 
approach was extended to  inc lude more r e a l i s t i c  pseudo­
random n o i s e - l i k e  modulat ion by the use o f  Monte Car lo  
methods. The v a l i d i t y  o f  these techniques was v e r i f i e d  by 
the e x c e l l e n t  c o r r e l a t i o n  observed wi th both p r a c t i c a l  
measurements and the work of  o thers .
I t  was shown t h a t  the bandwidth of  the Fm s ig n a l  wi th  
pseudo-random modulat ion co nta in ing  99% o f  the s p e c t r a l  
power can be p r ed ic t ed  by a simple m o d i f i c a t i o n  to Carsons 
r u l e  to a l low fo r  the reduced peak- to- rms value o f  the  
waveforms analysed.  The e f f e c t s  o f  b a n d l i m i t in g  using 
s i n g l e - p o l e ,  c r y s t a l  and pseudo- rec tangular  responses were 
i n v e s t i g a t e d .  E x c e l l e n t  agreement was obtained between the 
r e s u l t s  fo r  the s i n g l e - p o l e  f i l t e r  and those from p r a c t i ­
ca l  measurements by Bodtmann. For the pseudo- rec tangu lar  
f i l t e r ,  e m p i r i c a l  formulas were der ived  r e l a t i n g  the  
necessary bandwidth a t  a given frequency d e v ia t i o n  to the  
requ i red  s i g n a l - t o - d i s t o r t i o n  r a t i o .  These were an e x c e l ­
l e n t  f i t  to  the c a l c u l a t e d  data over a wide range of  
parameter  v a r i a t i o n s .  F i n a l l y  the r e s u l t s  fo r  the c r y s t a l  
f i l t e r s  demonstrated the importance of  the group delay
t
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c h a r a c t e r i s t i c  in the f i l t e r s  s p e c i f i c a t i o n .
The degradat ion of  the the FM s ig na l  wi th pseudo­
random noise modulat ion due to a s i n g l e  co-channel
i n t e r f e r e r  was found to decrease wi th inc reas ing  frequency  
d e v i a t i o n  as expected.  However, the re  was cons iderab le  
v a r i a t i o n  in the r e s u l t s  across the audio band, w i th  as 
much as a 35dB increase in the measured s i g n a l - t o -
d i s t o r t i o n  r a t i o  from 100Hz to 3kHz. The e f f e c t  o f  a
moderate c a r r i e r  o f f s e t  was found to be n e g l i g i b l e .
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CHAPTER EIGHT
ANGLE MODULATION WITH TIME- COMPRESSION
MULTIPLEXED SIGNALS
8 .1  INTRODUCTION
The fundamental  expressions de scr ib ing  an angle modu­
l a t e d  c a r r i e r  w i th  a t ime-compression mul t ip lex ed  modulat ­
ing s ig n a l  are d e r i v e d .  Cer ta in  c h a r a c t e r i s t i c s  are then 
revealed  using c l a s s i c a l  Fo u r ie r  a n a ly s is ,  however,  i t  is  
shown t h a t  f u r t h e r  t h e o r e t i c a l  t rea tment  i s  only o f  very  
l i m i t e d  value as the s o l u t i o n  of  the r e s u l t i n g  Diophant ine  
equat ions is  p a r t i c u l a r  t ed ious ,  even wi th  computer a i d .
By using the p e r i o d i c  form of  the general  m u l t i ­
channel  TCM s i g n a l  developed in chapter  5 ,  r e l a t i v e l y  
s t r a i g h t f o r w a r d  expressions de scr ib ing  TCM-PM and TCM-Fm 
s u i t a b l e  fo r  a p p l i c a t i o n  of  the d i s c r e t e  Fo ur i e r  t ransform  
are de r iv ed .  I t  i s  then shown q u a l i t a t i v e l y ,  t h a t  the  
usual  increased bandwidth requirement  of  phase modulat ion  
systems over e q u iv a le n t  frequency modulat ion systems is  
emphasised wi th TCM. This leads to  TCM-Fm being adopted in 
favour o f  the a l t e r n a t i v e  fo r  the remainder o f  the work.
Typ ic a l  spect ra  fo r  TCM-FM wi th  both s in us o i da l  and 
pseudo-random noise modulat ion are presented,  and com­
par isons made w i th  no n-m ul t ip lexed  systems. A comprehen-
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s i v e  range of  r e s u l t s  are then given fo r  the performance  
of  TCM-FM wi th  RF f i l t e r i n g  using the pseudo- rec tangular  
response developed in chapter  7. F i n a l l y ,  r e s u l t s  are  
presented fo r  the in te r mo du la t io n  d i s t o r t i o n  in a TCM-FM 
system due to co-channel  i n t e r f e r e n c e .
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8 . 2  FUNDAMENTAL EXPRESSIONS FOR TIME-COMPRESSION MULTI-
PLEXED FM
The general  expression fo r  an R channel  TCM s i g n a l  ,
Ytcm^ ) *  w i th  complex baseband s igna ls  composed o f  Mr 
sinusoids i s ,  from eqn .5 .50
M
yT C M ^ - *  1 . 5 . 1  „ L  • 5 1 3 1  [ t / ,  - " " “ ' - ’ I
. cos [ 2 tr C f  rm + k / T ) ( t  -  ( r - 1  ) T / a )  + 9r J
. e
-  j 2 irf ( r - 1  )T /a  rm (8 . 1 )
where T is  the TCM frame per iod and a i s  the compres­
sion r a t i o
Thus the expression fo r  the corresponding phase modu­
la t e d  waveform, epM( t ) ,  w i th  the usual  n o ta t io n  i s
A . e c
i 2 irf t  + 0 J c c
D MR r «
IT IT IT
r = l  m =1 k= -»
j 0 . cos f 2 ttC f  + k / T ) ( t  -  ( r - 1  ) T / a )  + 0 1JMrmk L rm rmJ
( 8 . 2 )
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where
k.A . r—  d rm
rmk
n n  i -J2 i r f  ( r - l ) T / a
S a [ f i  ( k / T  -  U - l ) f r j ]  . e
Thus the rms phase d e v ia t i o n  is
A/ rms
rmk
r = l  m =1  k=-°° r
1/2
( 8 . 3 )
and the rms frequency d e v ia t i o n  is
Af rms r = l  m^=l k=-
r *  ( f  + k / T ) 6 .v rm Mrmk
1/2
( 8 . 4 )
I n t e g r a t i n g  eqn .8 .1  to f in d  the expression fo r  f r e ­
quency modulat ion g ives
e F M ^ ^  = Re A . e c
i2irf  t  + 9 J c c R Mr »
TT 71 TT
r = l  m =1  k= -»
j  Af ,
? . s in |"27t ( f  + k /T  ) ( t - ( r - l ) T / a ) +  9^ 1 f  + k /T  L rm rmJrm
( 8 . 3 )
where
Mr  oo
e’ = 0 -  ) ) ]  A . S a f l l  ( k /T  -  ( a - l ) f rm) l
c c r * i  m =1 k£ - «  lm La tm J
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. s i n [ - 2 i r ( f rm + k / T ) ( r - l ) T / a  + 0 r J
and
Af
r-jr T -| -  J2tt f  f r - l ) T / a
kdArm • S aL lT  ( k / T  -  * e
rmk








r = l  m =1  k= -«  r
1/2
( 8 . 6 )




r = 1 m =1  k= -«  r
1/2
( 8 . 7 )
The above expressions are not  d i s s i m i l a r  to those for  
non-mul t ip lexed /M wi th  m u l t i - t o n e  modulat ion (e qn s .6 .5  
and 6 . 8 ) .  However, the complexi ty  i s  g r e a t l y  increased due 
to the l a r g e  number o f  components in the TCM baseband s i g ­
n a l .  In a d d i t i o n ,  s ince  the frequency d e v ia t i o n  in PM is  
p r o p o r t io n a l  to the baseband frequency ( e q n . 8 . 4 )  t h i s  
leads to wide sp ec t ra  f o r  TCM-PM. Hence, j u s t  as p r a c t i c a l  
narrow-band systems employ PM in preference to PM, TCM-Fm 
i s  v a s t l y  su per io r  to  TCM-PM fo r  the same reasons of  
bandwidth conserva t ion .
-  183 -
Using the i d e n t i t y  o f  e q n .6 .9  to  expand eqn .8 .5  as a 
F o u r ie r  s e r ie s  and n e g le c t in g  the time independent* c a r r i e r
9
phase, 9c , gives
j 2 irf t
A . e c c
R Mr
IT TT IT




r A^rmk jn r2 ir( f  + k / T ) ( t - ( r - l  )T /a )+Q  1L rm rmJ. e
( 8 . 8 )
Hence the TCM-FM spectrum co ns is ts  o f  sidebands a t  f r e ­
quencies ,  f  , given by
M
f  = f  + ) ) ) n , C f  + k /T )  ( 8 . 9 )
s c rfel m =1  k § -»  rmk rm
where nrmj< is  an in t e g e r .
The magnitude, Ag , o f  the sideband a t  f g is
A_ =
o MR r «
; A TT IT IT




where the summation is  performed fo r  a l l  se ts  of  
s a t i s f y i n g  e q n .8 .9
The above D iophant ine  equations are extremely ted ious  
to  solve even w ith  computer a id .  Hence i t  may be concluded
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t h a t  there  is  l i t t l e  to be gained from any f u r t h e r  
t h e o r e t i c a l  a n a ly s is  o f  TCM-^M. However, the fo l lo w in g  
s e c t io n  w i l l  consider  the a p p l ic a t io n  o f  the d i s c r e t e  
F o u r ie r  transform to  t h i s  c lass  o f  angle modulated s i g ­
na ls  .
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8 . 3  APPLICATION OF THE DISCRETE FOURIER TRANSFORM
From e q n .5 .5 4 ,  one period of  the genera l  R channel  
TCM s i g n a l ,  yTCM ( t ) ,  is  given by
Mr Kt -1
yTCM ( t )  = ) ) J A . r e c t T 3 ^  -  ^T- ;  ^ - ^ T/ a h
tcmT rfrl mz =! k=0 rm L T J
cos ^ r m F  -  k L ^ ] T -  F i F ] T1 + 0 rm ( 8 . 11)
where
T HCF L1 ' I r  In  f r n T]
Thus, one per iod  o f  the corresponding PM s i g n a l ,  
e PM ( t ) ,  may be w r i t t e n  as
ePMTCt) = RS A exp c j 2 n f  t  + J9 + jk  . A )  5c c d rm r ^ 1 m^ =1
M K . - l  r
k=0
. e « , / „ k . -  »  j  C - O T / . ] ] ( 8 . 1 2 )
where
i .rmk ^ r m F  *  k [ ¥ ] T -  F r ] T] + 0 rm
p rov id in g  f  is  an in te g e r  m u l t i p l e  o f  the r e c ip r o c a l  
0
of  the composite p e r io d ,  7 — “—  = T " •
' total  k t
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Eqn .8 .12  may be r e a d i l y  converted in to  a form s u i t ­
ab le  fo r  DFT or FFT a n a ly s is  by r e p la c in g  the r e a l  p a r t  o f  
the ex pon en t ia l  w i th  a cosine fu nct ion  and in t ro d u c in g  
l i m i t s  on t ,  t h e r e f o r e
ePMT( t )  = Ac C° S
B Mr k t ~ 1
2irf t+9 +k A )  \  ) cosirf ,c c d rm r Z: mZ=1 kZ0 ®rmk
[ - T / 2 a < t < - T / 2 a + T . K T]
fo r
k T + ( r - l ) T / a - T / 2 a < t < k T + ( r - l ) T / a + T / 2 a
= A c o s !”2ttf  t  + 0 1 otherwise  ( 8 . 1 3 )c L c cJ
The above equation a p p l ie s  p ro v id in g  the c a r r i e r  frequency
is  se t  to  N /4 Ttqtal and N=4i where i  = i n t e g e r .
For frequency m odu la t ion ,  the s i t u a t i o n  is  compli ­
cated by the need to  i n t e g r a t e  eq n .8 . 1 1  to  produce an 
expression fo r  the instantaneous phase, j t f ( t ) ,  i e .
t  t
jzf(t) = J* o) . ( t ) dx = /  2 iry ( t )  dx ( 8 . 1 4 )
-oo 1  -oo 'CMj
S p l i t t i n g  the i n t e g r a l  in  two and using the product r u l e  
gives
* K t )  =
R Mr V 1 A) j  j  rm r e c t ra (x  -  kT -  ( r - l ) T / a h
r = l  m =1 k=0  rmr
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sin 2iraf !"t  -  k  T -  rm L L a J [Hr] ' ]  + 9 rm
J T =  — 00
/
— oo r = l  m_=l
Mr KI - 1  Arm
k=0  a f rm
S [x -k T -  T+T/2a]
- 6 [ x - k T- [ i f i ] - T / 2 a;
sin -  k [st i ] T -  [ ^ i i  * » rm dr
( 8 . 1 5 )
Assuming the order o f  i n t e g r a t i o n  and summation may be 
in terchanged ,  the i n t e g r a l  becomes
M
jrfCt) = )  }
r Arm
r = l  m^=l a f rm r
K -1
k=0
rect[a^ . --kT-~ ( r - l ) T / a ) j
sin rm
+ y s inTir f  T(2k +1) + 9 1xL n L rm 1 rmJk- 0
K.
y sinPirf T(2k - 1 )  + Q 1 iL n L rm 2 rmJk- 0 ( 8 . 1 6 )
s ince both the r e c t ( x )  and <5(x) func t ion s  are zero  a t
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the  lower l i m i t ,  and where
= l a r g e s t  in te g e r  <_ r t - ( r - l ) T / a - T / 2 a iL T J■]
and
t<2 = l a r g e s t  in te g e r  <_ £t - ( r - l ) T / a + T / 2 a
The f i r s t  term in e q n .8 .1 6  is  the TCM modulating s i g ­
n a l  and the remainder are  o f fs e ts  which serve to remove 
the instantaneous phase changes th a t  would otherwise occur 
a t  the segment edges. Hence, u n l ik e  TCM-PM th ere  are  no 
im pu ls ive  instantaneous frequency t r a n s i t i o n s  a t  the seg­
ment edges, r e s u l t i n g  in a much narrower spectrum. The 
complete FM expression may then be found by s u b s t i t u t i o n  
fo r  jzf(t) in
An example w i l l  serve to  i l l u s t r a t e  the a p p l ic a t io n  
of  e q n .8 .1 6 .  With T=5ms, a=4 and s in u s o id a l  s ig n a ls  o f  
100Hz and 200Hz on two a c t i v e  channels (R=2, M^  = l ,  M ^ l ) ,
( 8 . 1 7 )
then T^ TOTAL 10ms and KT=2. Hence jzf(t)
is  de f ined  by
* f ( t )  = Ax s in  j^ 2 Traf x t  + 9 j
-  A^  sinj^-irf^T + Q^ J fo r  - T /2 a < t £ T /2 a
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A2 s in  [2 ira f2 ( t - T / a )  + 02]
s in  [ i t f : T + q J  -  s in f - i r f ^ J  + 0 ]
A2 s i n [ - i r f 2T + g j  fo r  T /2a< t<3 T /2 a
A  ^ s in  [2 ira f^ ( t - T + T / a ) + 0^]
s in j j i r^ T  + 0 ^] -  s in ^ -n f^ T  + 0 J^ 
s i n [ i r f 2T + 0 2] -  s i n ^ - i r ^ T  + ©2
Ax s i n  £(2 a - l  )tt f^T + 0 J fo r  T - T / 2 a < t< T + T /2 a
A2 s i n [ 2 i ra f2 ( t - T )  + 0 ^
sin^irf^T + 0^J -  sinj^-irf^T + 0 J 
s i n [ i r f 2T + ©2] -  s in [ -T r f2T + 0 2]
s in  [ ( 2a+l ) i r f + 0^J -  s in  £ ( 2 a - l  Jirf T + 0^J
A2 s in  [ ( 2 a - l ) i r f  T + 0 ] fo r  T+T/2a<t<T+3T/2a
0 o therw ise (8
- 1 9 0  -
.1 8 )
8 . 4  SPECTRAL ANALYSIS USING THE DFT
A s u b ro u t in e ,  TCMSIN.for, ( l i s t e d  in Appendix G) was 
developed from e q n . 8 . 6  to  e v a lu a te  TCM-FM sp ectra  w ith  a 
s in g le  a c t iv e  channel and s in u s o id a l  modulat ion.  
F i g . 8 . 1 ( a )  shows the r e s u l t  fo r  a 2-channel  system w ith  a 
10ms frame p e r io d ,  and 1kHz modulation w ith  a peak f r e ­
quency d e v ia t io n  o f  10kHz. The p r i n c i p l e  sidebands occur  
a t  i n t e r v a l s  o f  the compressed modulating frequency (2kHz)  
w ith  minor sidebands spaced a t  the r e c ip r o c a l  o f  the frame 
per iod  (100Hz) as expected. The spectrum fo r  a 4 -channe l  
system w ith  a frame period o f  2 0 ms is  i l l u s t r a t e d  in  
f i g . 8 . 1 ( b ) ,  w i th  a modulat ing frequency o f  2kHz. The s i d e ­
band spacing is  now 50Hz, w ith  peaks a t  every 8 kHz.
Appendix H conta ins  a l i s t i n g  o f  SPECTCM.for, 
developed from e q n . 8 . 6  fo r  pseudo-random noise modulation  
on a l l  channels using the Monte Car lo  process described in  
chapter  7. The e f f e c t s  on the sp ectra  o f  va ry ing  both the  
compression r a t i o  and frame period are  i l l u s t r a t e d  in 
f i g s . 8 .2 to  8 . 4 .  A l l  the r e s u l t s  were c a lc u la te d  using  
noise  s ig n a ls  compris ing o f  30 tones and were averages o f  
1 0 0  independent Monte C ar lo  runs. The sp ectra  are  a l l  
c h a ra c te r is e d  by a main lobe ,  resembling t h a t  fo r  non­
m u l t ip le x e d  FM ( f i g s . 7 .1  and 7 . 2 ) ,  w i th  a r e l a t i v e l y  Poor 
asymptotic  r o l l - o f f .  Furthermore,  when the frequency ax is  
i s  normalised by the compression r a t i o ,  the sp ec t ra  are















per io d  (modulat ion) = 1 ms 
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Fig. 8.1(a) S p e c t r u m  of a 2-channel TCM-FM signal 
with a single active channel with 













p er io d  (modulat ion) = 0.5ms 
p er io d  (TCM frame)  = 20ms 
modulat ing f r e q .  = 2 kHz 
peoLk f r e q .  d e v ia t i o n  
= + / - 2 0 kHz
0. 100. 
FREQUENCT kHi
F i g .  8 . 1 (b) Spectrum of a 4-channel  TCM-FM s ig na l  
with a s i n g l e  a c t i v e  channel with  
f l n u s o l d a l  modulot Ion at 2 kHz.





per iod  (modulat ion) = 1 0 ms
per iod  (TCM frame) = 10ms
noise bandwidth = 3kHz
(M = 30 s inusoids 0  fm = 100Hz)
rms. f r e q .  d e v ia t i o n  = 3kHz
compression r a t i o  = 2
no. channels = 2
average of 1 0 0  runs
100. 
FREQUENCT kHt
F lo .  8 . 2 ( a )  Spectrum of a 2-channel  TCM-FM s ig na l  with  
a l l  channels a c t i v e  and pseudo-random noise  
modulat ion using a Monte Carlo process.
MAGNITUDE dB 
0 r N=4096 samplesper io d  (modulat ion)  = 1 0 ms
per io d  (TCM frame) = 20ms
noise bandwidth = 3kHz
(M = 30 s inusoids 0  fm = 100Hz)
rms. f r e q .  d e v ia t i o n  = 3kHz
compression r a t i o  = 2
no. channels = 2
average of 1 0 0  runs
100. 
FREQUENCT It Hi
F lo .  8 . 2 ( b )  Spectrum of a 2-channel  TCM-FM s ig na l  with
a l l  channels a c t i v e  and pseudo-random rtolse
modulat ion using a Monte Carlo process.




per iod  (modulat ion)  = 1 0 ms
per iod  (TCM frame) = 10ms
noise bandwidth = 3kHz
(M = 30 s inusoids 0  fm = 100Hz)
rms. f r e q .  d e v ia t i o n  = 6 kHz
compression r a t i o  = 4
no. channels = 4
average of 1 0 0  rune
175. 200.
FREQUENCY kHz
F l o .  8 . 3 ( a )  Spectrum of a 4-channel  TCM-FM s lo na l  wi th  
a l l  channels a c t iv e  and pseudo-random nolTe  
modulat ion uslno a Monte Carlo process.
MAGNITUDE 40 
0 N=*4096 samplesp er io d  (modulat ion) = 1 0 ms
per io d  (TCM frame) = 5ms
noise bandwidth = 3kHz
(M = 30 s inusoids 0  fm = 100Hz)
rms. f r e q .  d ev ia t i o n  = 6 kHz
compression r a t i o  = 4
no. channels = 4
average of 1 0 0  runs
175. 200.
FREQUENCT kHz
El*. 8 . 3 ( b )  Spectrum of a 4-channel  TCM-FM s ig na l  wi th
" a l l  channels a c t i v e  and Pseudo-random noise
modulat ion uslnfl a Monte Carlo process.
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MAGNITUDE dB N=8192 sample*
per iod  (modulat ion) = 1 0 m* 
per io d  (TCM frame) = 5m* 
no l t e  bandwidth = 3kHz 
(M = 30 « ln u*o ld«  0  fm = 100Hz) 
rm*. f r e q .  d e v ia t ion  ■ 12kHz 
compr«t* lon r a t i o  = 8  
no. channel*  -  8  
average of 1 0 0  run*
FREQUENCT kHx
F i g .  8 . 4 ( a )  Spectrum of a 8 -channel  TCM-FM s ig n a l  wi th-*n channel*  a c t i v e  and peeudo-random no l*e  




per io d  (modulat ion) -  1 0 m*
p er iod  (TCM frame) = 2.5m*
no l*e  bandwidth = 3kHz
(M = 30 * l n u « o l d *  0  fm = 100Hz)
rm*. f r e q .  d e v i a t i o n  ~ 12kHz
compression r a t i o  = 8
no. channel*  = 8
average of 1 0 0  run*
350. 400.
FREQUENCT It Hi
F ig .  8 . 4 ( b )  Spectrum of a 8-channel  TCM-FM s lo na l  wi th
a l l  channel*  a c t i v e  and pseudo-random noise
mo d u la t Io n "  using a Monte Carlo p r o c e * * . '
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seen to  be l a r g e l y  i d e n t i c a l ,  w i th  the magnitude o f  the  
sidebands a t  the edges o f  the p lo ts  vary ing s l i g h t l y  w ith  
frame p e r io d .  This value ranges from - 6 3dB fo r  a frame 
period o f  2.5ms ( f i g . 8 . 4 ( b ) )  to -72dB fo r  20ms 
( f i g . 8 . 2 ( b ) ) .
As fo r  no n -m u l t ip le x ed  FM, the bandwidths co n ta in in g  
98% and 9956 o f  the s p e c t r a l  power in the TcM-Fm s ig n a l  
with  pseudo-random noise modulat ion were c a lc u la t e d .  The 
r e s u l t s  fo r  compression r a t i o s  o f  2 , 4 , 8  and 16 w ith  j u s t  a 
s in g le  a c t iv e  channel are  shown in  f i g . 8 . 5 .  The bandwidth 
requirement is  approx im ate ly  l i n e a r l y  r e l a t e d  to  the rms 
d e v ia t io n  normalised to  the compression r a t i o  times the  
noise bandwidth, except fo r  small  values o f  the l a t t e r .  Of 
p a r t i c u l a r  s i g n i f i c a n c e  is  the a p p re c ia b le  d i f f e r e n c e  
between the curves fo r  98% and 99% power i n d ic a t in g  poor 
s p e c t ra l  r o l l - o f f .  More meaningful  r e s u l t s  when a l l  chan­
nels  are a c t iv e  are  shown in f i g . 8 . 6 . Again the same 
l i n e a r  r e l a t i o n s h i p  o f  bandwidth to  normalised frequency  
d e v ia t io n  is  found. Comparison w ith  f i g . 7 .3  shows th a t  
the 98%/99% bandwidth requirement fo r  TcM-Fm is  increased  
from t h a t  of  an e q u iv a le n t  o rd in a ry  Fm system by a f a c t o r  
equal to  the compression r a t i o .  However, as w i l l  be con­
f irmed in sec t io n  8 . 5 ,  the s p e c t r a l  e f f i c i e n c y  is  not as 
good due to  the poor asymptotic  r o l l - o f f .




















N*a x 1024 eomplee 
period (modulation) = lOme /
period (TCM frame) = 10m«
nolee bandwidth = 3kHz 1
(M ■ 350 tlnueolde 9 fm = 100Hz) 
compretelon ra tio  *  a /
average of 100 rune
 1 1 1 1 1 1 1 • 1 1
D . 2  . 4  . 6  . 8  1 . 0
f l . 8 . 5  98/99% e p e c t r a l  power bandwldthe of TCM-FM r w .  frog,  d
t t an0ll wi th  e ln o l e  a c t i v e  channel wi th peeudo-  a x no • •
random nolee modulat ion.


















N«a x 1024 eomplee
period (modulation) = lOme
period (TCM frame) = lOme
nolee bandwidth = 3kHz
(M = 30 elnueelde 9 fm = 100Hz)
compreeelon ra tio  = a
no. ohannele = R = a
average of 100 runt
0 . 8 . 6  98/99% t p e c t r a l  power bandwldiht  of TCM-FM rez. f req.  4»v.
• t o n a l  wi th a l l  channels a c t i v e  wi th  Pteudo-  *  * n# "
random n o U e  modulat ion.
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p er io d  (modulat ion)  = 1 0 m*
p er io d  (TCM frame)  = 10m*
no l*e  bandwidth = 3kHz
(M = 30 * l n u * o l d «  8  fm -  100Hz)
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f i g .  8 . 7 ( b )  Convergence of Monte c a r lo  r e * u l t f t  i_QT
99% * p e c t r a l  power bandwidth of TCM-FM «(gnal  
with peeudo-random n o l* e  modulat lonT
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In order to confirm the convergence o f  the Monte 
C ar lo  technique fo r  TCM-FM, the 99% power bandwidth from 
above was p l o t t e d  a g a in s t  number o f  runs averaged. The 
r e s u l t s  fo r  compression r a t i o s  o f  two (rms d e v ia t io n  
= 3kHz) and e ig h t  (rms d e v ia t io n  =12kHz) are  i l l u s t r a t e d  in  
f i g s . 8 . 7 (a )  and (b )  r e s p e c t i v e l y .  In both examples, the  
convergence a f t e r  1 0 0  runs is  e x c e l l e n t ,  w h i l s t  th e re  is  
only a minor decrease in  accuracy from using 50-60  runs .  
In view o f  t h i s ,  to  prov ide  some economies in the amount 
of  computer time needed, a l l  subsequent a n a ly s is  is  based 
on 60 run averages r a t h e r  than the previous 1 0 0 .
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8 .5  F ILTERING. DEMODULATION AND TIME-EXPANSION
A su b ro u t in e ,  F ILDEM3.for ,  to  perm it  the a n a ly s is  of  
TCM-FM with  RF f i l t e r i n g ,  and perform the necessary f r e ­
quency demodulation,  t ime-expansion and s i g n a l - t o -  
d i s t o r t i o n  measurements is  l i s t e d  in Appendix I .  Pseudo­
random noise w ith  a s l o t  a t  the measurement frequency is  
used as the t e s t  s i g n a l .  The Monte Car lo  process used 
c lo s e ly  fo l low s t h a t  fo r  non-m u l t ip le xed  Fm described in 
chapter  7. The t ime-expansion o f  the demodulated s ig n a l  is  
r e a d i l y  accomplished using the sampled s ig n a l  approach 
p ro v id in g  the compression r a t i o  is  2 , 4 , 8  e t c .  such th a t  
the number o f  samples re p re s e n t in g  a s in g le  channel is  
i t s e l f  a power o f  2. This a l lows the FFT subrou t ine  to  be 
used fo r  the d e r i v a t i o n  o f  the f i n a l  s ig n a l  spectrum. The 
RF f i l t e r  chosen has the same pseudo-rec tangu lar  response 
as fo r  o rd inary  fm, but w ith  the bandwidth s u i t a b l y  
in c re ased .  I t  was not po ss ib le  to  perform te s ts  using c r y ­
s t a l  f i l t e r  responses, due to  the lac k  o f  devices o f  s u f ­
f i c i e n t l y  wide bandwidth fo r  even 2 -channel  systems unless  
unreasonably low frequency d e v ia t io n s  are employed.
The s i g n a l - t o - d i s t o r t i o n  r a t i o s  (S /D )  a t  s e v era l  s l o t  
frequencies  fo r  a 2 -channel  system w ith  a 1 0 ms frame 
per iod  using a +15kHz f i l t e r  bandwidth are  shown in 
f i g . 8 . 8 . The same c h a r a c t e r i s t i c s  as fo r  no n-m u l t ip le xed  
FM (e q u i v a le n t  f i l t e r  BW=+7.5kHz) in f i g . 7 . 8  are  apparent
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except t h a t  the region o f  constant S/D fo r  each s l o t  f r e ­
quency is  extended. The maximum values o f  S/D a t ta in e d  fo r  
each s l o t  are s i g n i f i c a n t l y  reduced, in d i c a t i n g  th a t  the  
performance is  degraded by a process other  than in -ch ann e l  
in te r m o d u la t io n .  Reference to  f i g . 8 . 2 ( a )  and 8 . 6  a t  a 
normalised d e v ia t io n  o f  0 .5  shows th a t  the f i l t e r
bandwidth o f  +15kHz is  s u f f i c i e n t  to  pass most o f  the
sidebands in the main lobe but not o th e rs .  Hence, i t  may
be concluded th a t  the increase  in d i s t o r t i o n  over a non- 
m u lt ip le x e d  FM system is  due to  in t e r -c h a n n e l  in te rm o du la ­
t io n  caused by time spreading o f  the s ig n a l  in t o  ad jacent  
t ime s l o t s .  Due to the poor asymptotic  s p e c t r a l  r o l l - o f f ,  
t h i s  e f f e c t  would be expected to remain s i g n i f i c a n t  unless  
a very wide f i l t e r  bandwidth was used.
The e f f e c t  o f  va ry ing  the f i l t e r  bandwidth at  
baseband frequencies  o f  1kHz and 3kHz ( s l o t s  10 and 30)
w i th  the same TCM system parameters is  shown in f i g s . 8 .9  
and 8 .10  r e s p e c t i v e l y .  Comparison w ith  f i g s . 7 .9  and 7 . l o  
shows t h a t  the S/D a t  h igher  d e v ia t io n s  ( d i s t o r t i o n  p r i ­
m a r i ly  due to in -c h a n n e l  in te rm o d u la t io n )  is  l a r g e l y  the  
same as fo r  o rd in a ry  Fm w ith  an e q u iv a le n t  f i l t e r  
bandwidth. However, a t  o ther  d e v ia t io n s ,  the d i s t o r t i o n  is  
a p pre c ia b ly  worse, even w ith  a +3 5 kHz bandwidth. The con­
tours  o f  constant s i g n a l - t o - d i s t o r t i o n  fo r  s lo ts  10  and 30 
are  drawn in f i g s . 8 . 1 1  and 8 .1 2 .  The same genera l  t rend of
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. 8  1.0  
rp»,
*  x n o l t e
U~
a W
in c re a s in g  slope w ith  h igher  S/D as in f i g s . 7.11 and 7 .12  
is  observed, but the de par tu re  from a l i n e a r  f i t  is  more 
pronounced, e s p e c ia l l y  a t  lower s i g n a l - t o - d i s t o r t i o n  l e v ­
e l s .  The range o f  contours is  a lso  reduced, s ince higher  
S/D r a t i o s  are impossib le  to  achieve w ith  f i l t e r  
bandwidths less than +35kHz. An approximate l i n e a r  f i t  
fo r  s lo t s  10 is  given by
B = 0 . 9 [ f ^ ] a  +
and fo r  s l o t  30
where a is  the rms frequency d e v ia t io n ,  a is  the
S /Dcompression r a t i o ,  W is  the noise BW and 2 0 ”  is  lo g loC tru e  
s i g n a l - t o - n o i s e  r a t i o ) .
The e q u iv a le n t  r e s u l t s  fo r  a 4 -channel  TCM system,  
again w ith  a 10ms frame, are shown in  f i g s . 8 .13 to  8 . 1 7 . A 
margina l  increase  o f  around 2dB in the s i g n a l - t o -  
d i s t o r t i o n  r a t i o  a t  each s l o t  frequency is  observed in 
f i g . 8 .1 3  compared to the e q u iv a le n t  2-channel  r e s u l t s  
( f i g . 8 . 8 ) .  A s i m i l a r  increase  is  a lso  found in the curves  
fo r  o ther  f i l t e r  bandwidths. G e n e r a l ly ,  the r e s u l t s  fo r  
the 4-channe l  system in  f i g s . 8 .1 4  and 8 . 1 5  resemble those  
fo r  non -m u l t ip le xed  FM more than those fo r  the 2-channel
0 .1 5  ♦ 0 . 3 [ § £ ] aW ( 8 .1 9 )
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F l o . 8 . 1 4  Computsd In ts rm od u la t Io n  d i s t o r t i o n  at 1kHz r o*« f r t a *  Asy
In 4-channel  TCM-FM system with  pssuJq^ a x no • •
rect  angular  f i l t e r .
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system. They are a ls o  more w e l l -behaved ,  w ith  fewer i r r e ­
g u l a r i t i e s .  This is  confirmed by the s i g n i f i c a n t l y  b e t t e r  
f i t  o f  the contours o f  constant S/D in f i g s . 8 .16  and 8 .1 7  
to the fo l lo w in g  l i n e a r  approx im at ions .  For s l o t  10
B = 0 . 8 [ | ^ ] a  ♦ 0 . 3 [ f ^ ] a W
and fo r  s l o t  30
( 8 . 2 1 )
rs/D-i 
120 . aW ( 8 . 22 )
The v a r i a t i o n  in  s i g n a l - t o - d i s t o r t i o n  fo r  s lo ts  1 and 
30 w i th  frame per iod  and compression r a t i o  is  i l l u s t r a t e d  
in f i g . 8 .1 8 .  A l l  c a lc u la t io n s  were made w ith  a normalised  
rms frequency d e v ia t io n  o f  0 . 5 ,  w i th  e q u iv a le n t  f i l t e r  
bandwidths o f  +10, 20 and 40kHz fo r  the 2 ,  4 and 8-channel  
systems r e s p e c t i v e l y .  I t  can be seen th a t  th e re  is  l i t t l e  
v ar ianc e  in the r e s u l t s ,  w i th  the t o t a l  d e v ia t io n  being  
some 8dB fo r  s l o t  1 and only 1.5dB fo r  s l o t  30 across the  
range o f  parameters.
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8 . 6  CO-CHANNEL INTERFERENCE
The su brou t ine  C0CHAN2.for, l i s t e d  in Appendix J, 
e va lu a tes  the in te rm o d u la t io n  d i s t o r t i o n  due to a s in g le  
co-channel TCM-FM s i g n a l .  Both wanted and un-wanted s i g ­
na ls  are  modulated w ith  independent pseudo-random noise  
s i g n a ls ,  w i th  a s l o t  a t  the measurement frequency in  the  
former.  The r e s u l t s  are  der ived  over a number of  indepen­
dent runs using a Monte Car lo  process. F i g . 8 .1 9  shows the  
s i g n a l - t o - d i s t o r t i o n  r a t i o  in a 2 -channel  TCM-Fm system 
w ith  a frame period o f  10ms. The i n t e r f e r i n g  s ig n a l  l e v e l  
i s  -60dB r e l a t i v e  to  the wanted s ig n a l  w ith  no c a r r i e r  
o f f s e t .  The in c re a s in g  r e s is ta n c e  to  in t e r f e r e n c e  w ith  
frequency d e v ia t io n  fo r  a l l  s l o t  f requencies  can be 
c l e a r l y  seen. The r e s u l t s  show c o n s iderab le  agreement w ith  
those fo r  n o n -m u l t ip le x ed  Fm ( f i g . 7 . 1 9 ) ,  w i th  an o v e r a l l  
genera l  improvement in the S/D f ig u r e s  o f  a few dB.
The e q u iv a le n t  curves fo r  a 4 -channel  system, again  
w ith  a TCM frame per iod  o f  10ms are  shown in f i g . 8 .2 0 .  
There is  remarkable  s i m i l a r i t y  between these r e s u l t s  and 
those above, a lthough th e re  is  now only a margina l  
improvement over the o rd in a ry  Fm system. Hence, i t  may be 
concluded th a t  the co-channel performance depends p r i n c i ­
p a l l y  on the frequency d e v ia t io n  and upon the measurement 
frequency, and th a t  th e re  is  l i t t l e  d i f f e r e n c e  between 
TCM-FM and n o n -m u l t ip le x ed  FM. This was confirmed by
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r a t i o ,  framo porlod and o a r r lo r  o t f o o t .
f u r t h e r  measurements a t  o ther  compression r a t i o s ,  frame 
periods and co-channel o f f s e t s  shown in f i g . 8 .2 1 ,  There is  
e x c e l l e n t  agreement between these r e s u l t s  and those in  
f i g s . 8 .19  and 8 .2 0 ,  w i th  the g r e a te s t  d e v ia t io n  being of  
the order o f  1.5dB fo r  s l o t  1.
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8 . 7  CONCLUSIONS
The a p p l ic a t io n  o f  time-compression m u l t ip le x in g  to  
angle modulat ion has been considered.  The n o n - l i n e a r i t y  of  
the process and the complex ity  o f  the TCM spectrum a l low  
few s i g n i f i c a n t  c h a r a c t e r i s t i c s  o f  TCM-FM to  be obtained  
from t h e o r e t i c a l  a n a ly s is .  However, the s u i t a b i l i t y  o f  the  
d i s c r e t e  F o u r ie r  transform w ith  both s in u s o id a l  and 
pseudo-random s ig n a ls  has been confirmed.
The sp ec t ra  o f  TCM-FM s ig n a ls  w ith  pseudo-random 
modulation have a c h a r a c t e r i s t i c  main lobe which may be 
c lo s e ly  l ik en e d  to  t h a t  o f  non-m u l t ip le xed  Fm w i th  s u i t ­
ab le  frequency s c a l in g .  The 98/99% s p e c t r a l  power 
bandwidths o f  TCM-FM were found to very n e a r ly  equal to  
those fo r  e q u iv a le n t  o rd inary  Fm , when normalised by the  
compression r a t i o .  However, the asymptotic  s p e c t r a l  r o l l ­
o f f  is  poor due to  the d i s c o n t i n u i t i e s  a t  segment boun­
d a r ie s  caused by simple r e c ta n g u la r  windowing. This l a t t e r  
e f f e c t  was found to  worsen s l i g h t l y  as the frame period  
was decreased.
The poor s p e c t r a l  r o l l - o f f  causes in te r -c h a n n e l  
c r o s s ta lk  when the TCM-FM s ig n a l  i s  b a n d l im i te d ,  even when 
the f i l t e r  bandwidth is  se v e ra l  times g r e a te r  than the  
width o f  the main lo b e .  This is  shown to  be d i s t i n c t  from 
in -ch ann e l  in te rm o d u la t io n  which occurs, as w i th  non-
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m u lt ip le x e d  FM, when sidebands in s id e  the main lobe are  
a t te n u a te d .  Hence, the s i g n a l - t o - d i s t o r t i o n  performance of  
TCM-FM w ith  e q u iv a le n t  f i l t e r i n g  is  s i g n i f i c a n t l y  worse 
than th a t  o f  simple FM. Moreover,  s u b s t a n t i a l l y  the same 
r e s u l t s  were achieved as both the compression r a t i o  and 
frame period  were v a r ie d .  However, i t  was po ss ib le  to  
d e r iv e  e m p i r ic a l  formulas r e l a t i n g  the necessary bandwidth 
fo r  a re q u ire d  s i g n a l - t o - d i s t o r t i o n  r a t i o  fo r  both 2 -  and 
4-channel  TCM-FM systems. In t h i s  re s p e c t ,  the agreement 
with  the computed r e s u l t s  was best fo r  the l a t t e r  system.  
O v e r a l l ,  the s p e c t r a l  e f f i c i e n c y  o f  the TCM-Fm system is  
reduced from th a t  o f  n o n -m u l t ip le xed  Fm due to  the Poor 
s p e c t ra l  r o l l - o f f .
The co-channel performance o f  TCM-Fm was found to  be 
s u b s t a n t i a l l y  s i m i l a r  to  t h a t  o f  simple FM, w i th  an 
o v e r a l l  improvement in  the s i g n a l - t o - d i s t o r t i o n  f ig u re s  
fo r  both 2 -  and 4 -channe l  systems o f  2-3dB. Furthermore,  
the performance was m ainta ined over a range o f  TCM frame 
pe r iods ,  compression r a t i o s  and i n t e r f e r e r  c a r r i e r  o f f s e t .  
Hence, the TCM-FM system r e t a in s  the im portant  co-channel  
advantages o f  e x i s t i n g  FM systems; an im portant  r e q u i r e ­
ment fo r  c e l l u l a r  a p p l i c a t i o n s .
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CHAPTER NINE
ANGLE MODULATION WITH WINDOWED TIME-
COMPRESSION MULTIPLEXED SIGNALS
9 . 1  INTRODUCTION
The TCM systems considered in prev ious chapters were 
based upon s t r a ig h t f o r w a r d  t ime-compression and i n t e r l e a v ­
ing of  s ig n a l  segments to form the composite waveform, 
producing i n e v i t a b l e  d i s c o n t i n u i t i e s  a t  the segment edges. 
Hence, a lthough the m a jo r i t y  o f  s p e c t r a l  power in a TCM-FM 
s ig n a l  is  conta ined w i th in  a reasonable bandwidth, the  
asymptotic  r o l l - o f f  r a t e  is  poor, lead in g  to reduced 
o v e r a l l  s p e c t r a l  e f f i c i e n c y .
This  chapter  in v e s t ig a t e s  the use o f  time-domain win­
dowing techniques to  smooth the in te r -segm en t  t r a n s i t i o n s  
and so improve o v e r a l l  s p e c t r a l  e f f i c i e n c y  o f  the TCM-Fm 
system. I t  is  shown q u a l i t a t i v e l y ,  t h a t  simple techniques  
opera t in g  on the instantaneous phase waveform of  the TCM- 
FM s ig n a l  can a c t u a l l y  worsen the t r a n s i t i o n  in the  
instantaneous frequency waveform, and thus are  o f  l i t t l e  
b e n e f i t .  However, a c lass  o f  s t r a ig h t fo r w a r d  funct ions  are  
i d e n t i f i e d  , which although not o p t im a l ,  e f f e c t i v e l y  
remove a l l  t r a n s i t i o n s  when ap p l ie d  d i r e c t l y  to  the  
instantaneous frequency waveform.
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Two windowed TCM-FM systems are considered; the f i r s t  
in which the weight ing  is  app l ied  to the simple TCM s ig n a l  
w ith  e q u a l is a t io n  a t  the r e c e i v e r ,  and the second in which 
over-compression is  employed such th a t  the weighted seg­
ments are  redundant and can be ignored a t  the r e c e i v e r .  
The ampli tude o f  the message s ig n a l  a t  the t r a n s i t i o n s  is  
e f f e c t i v e l y  reduced to  zero by the windowing, hence any 
p e r tu r b a t io n  o f  the rece ived  s ig n a l  in  these regions is  
emphasised in the former system by e q u a l is a t io n .  F u r t h e r ­
more, o ther  p r a c t i c a l  problems are  shown to make t h i s  sys­
tem i m p r a c t i c a l ,  hence subsequent emphasis is  placed on 
the over-compressed system.
Spectra  and in te rm o d u la t io n  performance curves are  
presented fo r  a v a r i e t y  o f  TCM system parameters and 
weight ing  fu n c t io n s .  L i t t l e  v a r i a t i o n  is  observed between 
the fu nct ions  in v e s t i g a t e d ,  w ith  the wel l-known r a is e d  
cosine having m a r g in a l ly  the best performance. A substan­
t i a l  o v e r a l l  improvement in performance over a s imple  
TCM-FM system is  confirmed fo r  the over-compressed win­
dowed TCM-FM system, w ith  moderate weight ing  i n t e r v a l s  
equal to about 5% o f  the TCM segment p e r io d .  A w orthw hi le  
s p e c t r a l  improvement is  a lso  obtained w ith  only 1% window­
ing i n t e r v a l s .
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9 . 2  PRINCIPLES OF WINDOWED TCM
9 . 2 . 1  OVERVIEW
The o r i g i n a l  TCM expression ( i n  p e r io d ic  form) from 
eq n .5 .5 4  is
Each segment o f  the waveform is  formed from the pro­
duct o f  the a p p ro p r ia te  s ig n a l  waveform and a re c ta n g u la r  
window o f  d u ra t io n  T / a .  Hence th e re  are g e n e r a l ly  step  
d i s c o n t i n u i t i e s  in the composite s ig n a l  ampli tude a t  the  
segment edges as shown in  f i g . 9 . 1 ( a ) .  For TCM-Fm , these  
are transformed i n t o  steps in the instantaneous c a r r i e r  
frequency, f ^ ( t ) .  This produces a poor s p e c t r a l  r o l l - o f f  
in the modulated s ig n a l  spectrum which becomes more pro­
nounced as the TCM frame period  decreases, i e .  as the  
e f f e c t i v e  frequency o f  the t r a n s i t i o n s  increases (c h a p te r  
8 ) .  Hence, the s p e c t r a l  e f f i c i e n c y  o f  the basic TCM-Fm 
system is  somewhat worse than an e q u iv a le n t  non-
M Kt -1  r  T f a ( t  -  kT -  ( r - 1 ) T / a ) l
L T J
2iraf ft - k M j  - ri=irm L L a J L a
where
K 1
T h c f Ti , f  t1L ’ Zr Zm rm J
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m u l t i p l e x e d  system.
The s p e c t r a l  e f f i c i e n c y  may be improved i f  the  
d i s c o n t i n u i t i e s  in the instantaneous frequency waveform 
can be removed or a t  l e a s t  made less  a b ru p t .  F i g . 9 . 1 (b )  
shows the corresponding phase, jz^Ct), o f  the basic TCM-FM 
s ig n a l  in  the v i c i n i t y  o f  a segment boundary. I t  is  f e a s i ­
b le  to remove the phase d i s c o n t i n u i t y  by m u l t i p ly in g  the  
waveform by, fo r  example, an in v e r te d  ra is e d -c o s in e  pu lse ,  
w ( t ) , o f  d u ra t io n  -w^ to  w  ^ as shown in f i g . 9 . 1 ( c ) .  How­
ev er ,  the instantaneous frequency waveform, although no 
longer c o n ta in in g  a s te p ,  is  in f a c t  more t r a n s i t o r y  than 
p r e v io u s ly .  Hence t h i s  approach would not g e n e r a l ly  r e s u l t  
in any s i g n i f i c a n t  improvement in s p e c t r a l  r o l l - o f f .
An a l t e r n a t i v e  approach is  to  m u l t i p ly  the in s t a n ­
taneous frequency waveform by the w e ight ing  pulse as shown 
in f i g . 9 . 2 ( a ) ,  r e s u l t i n g  in the phase waveform of  
f i g . 9 . 2 ( b ) .  I t  can be seen t h a t  the t r a n s i t i o n  is  made 
ap p re c ia b ly  smoother, w i th  the best waveform obtained when 
the f i n a l  l e v e l  a t  the boundary is  made equal to the a v e r ­
age, av, o f  the extremes o f  the d i s c o n t i n u i t y  r a th e r  than 
zero .  This is  accomplished by f i r s t  s u b t ra c t in g  the a v e r ­
age t r a n s i t i o n  va lue (a v )  from f ^ ( t ) ,  m u l t i p ly in g  by the  
windowing fu n c t io n  and f i n a l l y  adding back the average  
v a lu e .
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In order to avoid d i s t o r t i o n  in the rece ived  s ig n a l  
when n o n -re c ta n g u la r  windowing is  employed, e i t h e r  some 
form o f  r e c e iv e r  e q u a l is a t io n  must be employed or redun­
dant in fo rm a t io n  must be t ra n s m it te d  during the weighted  
segments which can subsequently  be ne g le c te d .
For the f i r s t  approach, windowing is  ap p l ie d  d i r e c t l y  
to the otherw ise  u n a l te re d  TCM s i g n a l .  However, an exact  
in verse  o f  the w eight ing  fu n c t io n  is  requ ired  a t  the  
r e c e iv e r  and both the ampli tude and dc o f f s e t  o f  the  
recovered s ig n a l  must be i d e n t i c a l  to  the pre-processed  
s ig n a l  i f  a d i s t o r t i o n l e s s  output is  to  be achieved.  In 
a d d i t i o n ,  s ince  the e f f e c t i v e  ampli tude of  the message 
s ig n a l  ( i e .  w i thou t  any l e v e l  s h i f t )  near to the segment 
boundaries is  sm al l  ( a c t u a l l y  zero a t  the boundary) ,  th e re  
is  a high s u s c e p t i b i l i t y  to  in te rm o d u la t io n  d i s t o r t i o n  in  
t h is  re g io n .  Thus, a lthough the s p e c t r a l  c h a r a c t e r i s t i c s  
w i l l  be improved, the e f f e c t  o f  b a n d l im i t in g  and/or  co­
channel i n t e r f e r e n c e  may w e l l  be i n t o l e r a b l e .
In the second system, the compression r a t i o  o f  the  
TCM s ig n a l  must be increased such t h a t  the in fo rm a t io n  
during a weighted i n t e r v a l  is  repeated (w i th o u t  w e ig h t in g )  
in e i t h e r  the prev ious or fo l lo w in g  segment of  the same 
channel as shown in f i g . 9 . 3 .  The windowing is  then p e r ­
formed as in the basic  system. I f  the weight ing  i n t e r v a l  
i s  w  ^ and the segment le n g th  T/R (R = no. m u l t ip le x e d
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channels)  then the minimum compression r a t i o  to s a t i s f y  
t h i s  requirement is
a > f - R2wTR ( 9 - 2 )
i e .  the compression r a t i o  is  now g e n e r a l ly  a n o n - in te g e r .
Although, a s l i g h t l y  wider o v e r a l l  bandwidth r e s u l t s ,  
no e q u a l is a t io n  is  req u ire d  thus s i m p l i f y i n g  r e c e iv e r  c i r ­
c u i t r y ,  s ince  the removal o f  the redundant segments is  
r e a d i l y  accomplished using a d i g i t a l  companding technique  
(c h a p te r  4 . 1 . 2 . 3 ) .  However, th e re  is  an im portant  a d d i ­
t i o n a l  f e a t u r e  in t h a t  the sect ions  o f  s ig n a l  l i k e l y  to  
conta in  the h ighest  l e v e ls  o f  t im e-spread i n t e r f e r e n c e  
( c r o s s t a l k )  are  n e g le c te d .  Hence the s ig n a l  degradat ion  
w ith  reasonable b a n d l im i t in g  is  l i k e l y  to  be m in im al .
9 . 2 . 2  REQUIREMENTS OF THE WINDOWING FUNCTION
Numerous windowing funct ions  have been in v e s t ig a te d  
f o r  the r e l a t e d  a p p l ic a t io n  o f  reducing the s ide lobes  
present  when s h o r t - te rm  s ig n a ls  are analysed using  
d i s c r e t e  F o u r ie r  transform  techniques The type and
c h a r a c t e r i s t i c s  o f  the optimum fu n c t io n  in  each case is  
determined by the n a tu re  o f  the s ig n a l  under a n a ly s is .  I t  
is  very d i f f i c u l t ,  however, to  f in d  an optimum fu n c t io n  
which w i l l  produce the smoothest in te r -segm ent  t r a n s i t i o n  
(and hence best asymptotic  s p e c t r a l  r o l l - o f f )  fo r  any r a n -
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dom TCM-FM waveform. However, a c lass o f  simple weight ing  
fu nc t ions  may be de f ined  which e l i m in a t e  the boundary 
d i s c o n t i n u i t i e s  and prov ide  acceptab le  r o l l - o f f  w ith  a 
reasonable windowing i n t e r v a l .  These are r e a l ,  non­
n e g a t ive  fu nc t ions  c h a ra c te r is e d  by having f i r s t  d e r iv a ­
t i v e s  which are  zero both a t  the segment boundaries ( t  = 
k T + ( r - l ) T / a  + T / 2 a ) ,  and a t  the ends o f  the windowing
i n t e r v a l s  ( t  = k T + ( r - l ) T / a  i T / 2 a  + w^ . ) and ( t  = k T + ( r -  
1) T /  a+ T /2a -  wT ) .  A s e le c t io n  s a t i s f y i n g  these r e q u i r e ­
ments are  de f ined  in  Table  9 .1  and i l l u s t r a t e d  in  f i g . 9 .4  
fo r  the i n t e r v a l
kT + ( r - 1 ) T / a  + T /2a  -  wy < t  < kT + ( r - l ) T / a  + T /2 a .
The Hann and Blackman windows are  s p e c ia l  cases o f  a 
v e r s a t i l e  3 - c o e f f i c i e n t  window ( e q n . 9 . 3 )  due to  G e c k in l i  
and Yavuz w ith  X = 0 and 0 .0 4  r e s p e c t i v e l y .
Using t h is  f u n c t io n ,  expressions w i l l  be der ived  in 
the fo l lo w in g  s e c t io n  enab l ing  d i s c r e t e  F o u r ie r  transform  
an a ly s is  to  be performed on the windowed TCM-Fm s i g n a l .
w ( t )  = 1 ~ AX + 0 . 5 C O S  J . [ t  -  kT -  [ i | i ] T -  - I  ♦2a
( 9 . 3 )
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Raised Cosine fHannl
1  ^ 1 2 + 2C0S w * [ fc - kT - [V]T -  2l  + WT
1 .— s mTT
♦ [ i -
COS
PaDOulis
—  j"t -  kT -  r ^ l T  -  - 1  + wTl  wT l  L a J 2a TJ
2 Ct -  kT -  ( r - 1 ) T / a  -  T /2a + w
—  ]"t -  kT -  ]T -  - I  + wt 1 wT L L a J 2a TJ
t >]
Parzen
[ l - 2 4 ( t - k t - ( r - l ) T / a - T / 2 a + w T) 2] [ l - 2 (  t - k T - ( r - l ) T/a+wT  ^
fo r  t  < kT -  ( r - 1 ) T / a  -  T/2a+wT/ 2
2 Tl -  2 C t  -  kT -  ( r - 1 ) T / a  -  T/2a+wT ) ] 3 
fo r  t  _> kT -  ( r - l ) T / a  -  T/2a + w^/2
0 .4 2  + 0 .5c  
+ 0.08cos
Blackman 
-  kT -  -  2^ + w
*  kT *  -  21 + *T]
J]
Table 9.1.: Windowing func t ion s  fo r  TCM- FM.
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9 . 3  ANALYSIS
The a n a ly s is  here w i l l  be concerned only w ith  the  
over-compressed windowed TCM-FM system s ince the basic  
equal ised  system is  u n l i k e l y  to  be p r a c t i c a l l y  v i a b l e .  
However, expressions fo r  the l a t t e r  system may be obtained  
by s u b s t i t u t i o n  w ith  R=a.
Let windowing be ap p l ie d  to the over-compressed TCM 
s ig n a l  ( e q n . 9 . 1 )  over an i n t e r v a l  ,w^., a t  the beginning  
and end o f  each segment using the 3 - c o e f f i c i e n t  w eight ing  
fu n c t io n ,  w ( t ) ,  d e f in ed  in  e q n .9 .3 .  Hence the new compres­
sion r a t i o  is
The expression of  e q n .9 .1  is  s t i l l  v a l i d  p ro v id in g  the  
a p p ro p r ia te  s u b s t i t u t i o n  fo r  a is  made. Hence the win­
dowed TCM s ig n a l  in  p e r io d ic  form, YWTCM C t ) ,  is
R ( t  -  kT -  C r - 1 ) T /R ) 
T -  2Rw_WTCM ri-1 m =1 k=0 r
c o s ^ w a f r J t  -  k [*=*■] T
+ %  C0S 2- a f rm [ t - 1" [ ^ ]  T- [ ^ ]  T1 +8rm ‘ C(kR+r)
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TCM
k , r
.  £  C O . .57 t *  -  « - [ ¥ ] '  *  25 -  - t ]
+ C(kR+r)
. r e c t
t  -  kT -  ( r - 1 ) T / R  + T/2R -  wT/ 2
A _ m cos rm 2iraf r t - k [ ^  rm L L R
-  C(kR+r+l,mod K.J..R)
1-4X  ^ 1 TT [ t  -  kT - r r -1 ] T -  2W + " t ]• 2 ^  cos Lwt L R J
+ 2 \  cos £  [ ‘  -  » - [ ¥ ] '  -  25 *  » r ]
+ C(kR+r+l,mod K^.R)
. r e c t
f t  -  kT -  ( r - 1 ) T / R  -  T/2R + wT/2 ]
( 9 . 5 )
where C(kR+r) is  the ’ a verage ’ va lue o f  the composite  
waveform a t  the d i s c o n t i n u i t y  a t  the s t a r t  o f  segment 
( i e .  a t  t = k T + ( r - l ) T / R - T / 2 R ) . Thus





rm cos 2lrafrm [kT -  T/2R + 9rm
M
m 1 
r l ' 1
Ar l  m cos 2l ta frlm [k lT  + T/2R] + 9r l  m 
( 9 . 6 )
where k l  = k-1 i f  r = l  o therwise k l  = k 
and r l  = ( r - 1 )  modulo R
Only frequency modulat ion w i l l  be considered ,  hence
t
f .  = k , w__u ( t )  and - f  2ir f.  d r .  The i n t e g r a t i o n  of  i  d t c m t  1 _oo 1
e q n .9 .3  to  y i e l d  jzf fo l low s  along the l i n e s  o f  chapter  8 .2 .
Hence
Mr KI ’ 1 A
d = kH ) ) ) 7 7 121 s in  2irafrm[ t - k l'£i i l T- | '1 i i l Tl +0d rfel m =1 klo rm L rmL L R J L R J J rm
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rm
1-AX
2 a f sinrm -  ► [ ¥ ] ’  -  [ ¥ ] ' ]  *  • rm
a f  + Tr­im 2wTJ
sin 2iraf [ t  rm L [ ¥ • ] * ]
+ ^  [ t ~k T -  [ n ^ ] T + ^  -  wT]  ♦ s rm
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2iraf Ftrm L -  k f — 1k L r  JT -
WT R ] T + 2R ■ wt] + 9rm
a f  + —rm Wyj
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2XwTsin 2t Ti. . T r r - l l  T T ,LwT L k L R J 2R WT. .C(kR+r+l,mod KT .R)
. r e c t
t  -  kT -  ( r - 1 ) T/R -  T/2R + *j/2
M
+ k . )  ]  C-X. + X„
r = l  m =1 ■-  ^ ^
-  X_ + X (9 .73
where e t c .  are  the i n t e g r a t i o n  constan ts ,  and are  
given by
Ki
X, = ) A s in  Tirf T(2k - l )  + 9 1 .1 kZ_0 rm L rm 1 rmJ
+ +
a ^rm 2wTJ
2 a f rm a f  + —  a f  -  —  rm wT rm wT a f rm 2w
+ C (kR +r ) . ( l + A A h j j ^ T + C r - n T / R - T / ^ R ( 9 . 8 )
k 2
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a f
a f rmrm 2wTj
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K3
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a f rm 2w
a f rm
+ C(kR+r+l  ,mod K p R ) . ( l + « ) i [ k  T t ( t - l ) T / R + T / 2 R-wt '
(9 .103
X, = ) K*i s l n U f  T(2k +13+0 1 .4 , L n rm L rm 4 rmJ
k4=0
1-AX X
2 a f rm a ^rm + ~  rm w j
a f  -  —rm Wj a ^rm + 2wTJ
a f rm 2wTJ
+ C(kR+r+1 ,mod Ky . R) .  C1+AXDir j \ 4T + C r- l )T /R + T /2 R ] ( 9 . 1 1 )
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where
K  ^ = l a r g e s t  in te g e r  £  r t  ~ *  T/2R j
K2 = l a r g e s t  in te g e r  <
Kj = l a r g e s t  in t e g e r  <
= l a r g e s t  in te g e r  £  -  ( r - l ) j / R  -  T/2Rj
Eqns. 9 .5  to  9 .1 1  may be r e a d i l y  conf igured fo r  o ther  
windowing fu nc t ion s  i f  r e q u i re d .
' t  -  ( r - 1 ) T/R + T/2R -  wy-
- - - - - - - - - - - - - - - r- - - - - - - - - - - - - - - -
-t -  ( r - 1 ) T / R  -  T/2R + wy-
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9 . 4  SPECTRAL ANALYSIS USING THE DFT
The s u b ro u t in e ,  WTCMl.for, l i s t e d  in Appendix K was 
w r i t t e n  to ev a lu a te  the sp ectra  o f  both basic (e q u a l is e d )  
and over-compressed windowed TCM-FM s ig n a ls  using the
expressions de r ived  in the previous s e c t io n  and the
d i s c r e t e  F o u r ie r  t ran s fo rm .  P a p o u l is ,  Parzen or 3-
c o e f f i c i e n t  w eigh t ing  funct ions  may be a p p l ie d .  As w ith  
n o n -m u l t ip le x ed  FM and TCM-FM, choosing 2N samples and a
2 .4  or 8 channel system a l lows the computat ional  e f f i c i e n t  
f a s t  f o u r i e r  transform  ( FFT) to  be used. In a d d i t io n ,  a 
pseudo-random baseband modulat ing s ig n a l  was employed con­
s i s t i n g  o f  30 tones a t  a frequency spacing o f  100Hz using  
proven Monte C ar lo  techn iques .
F i g . 9 . 5 ( a )  and (b )  show the sp ec t ra  fo r  a 4-channel  
basic  windowed TCM-FM s ig n a l  w i th  Papoul is  weight ing  
a p p l ie d  over i n t e r v a l s  o f  approximate ly  1% and 5% o f  the  
segment d u ra t io n  r e s p e c t i v e l y .  An rms frequency d e v ia t io n  
of  6kHz and a TCM frame period o f  10ms were used. Com­
parison w ith  the e q u iv a le n t  s imple TCM-FM spectrum 
( f i g . 8 . 3 ( a ) )  shows t h a t  a s u b s t a n t ia l  increase  in s p e c t ra l  
r o l l - o f f  is  achieved,  p a r t i c u l a r l y  w ith  a 5% p e r io d .  With 
only 1% windowing, the magnitude o f  the sidebands a t  the  
p l o t  edges has been reduced from around -70dB to -95dB.  
With 5% windowing th e re  is  no d i s c e r n i b l e  s p e c t r a l  spread­
ing due to  the segmentation o f  the Tcm s i g n a l .  This is
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confirmed by the e x c e l l e n t  c o r r e l a t i o n  w ith  the e q u iv a le n t  
no n-m u l t ip le xed  FM spectrum ( f i g . 7 . 1 ( a ) ) .  Indeed, the two 
s p ec t ra  are  i d e n t i c a l  when the frequency ax is  is  scaled by 
the number of  m u l t ip le x e d  channels .
The corresponding sp ectra  using Parzen, ra ised  cosine  
and Blackman windowing funct ions  are shown in  f i g . 9 .6  to  
9 . 8 .  A l l  the fu nc t ion s  produce s i m i l a r  s p e c t ra ,  p a r t i c u ­
l a r l y  w ith  5% windowing. There are however minor d i f f e r ­
ences in the 1% s p ec t ra  fo r  sideband magnitudes less  than 
-60dB, w ith  the ra is e d  cosine fu n c t io n  producing the  
lowest (- lOOdB) sideband magnitude a t  the p l o t  edges. 
Hence t h i s  l a t t e r  fu n c t io n  is  adopted fo r  subsequent  
a n a l y s i s .
F i g . 9 . 9 (a )  and (b )  i l l u s t r a t e  the s p ec t ra  fo r  a 4-  
channel windowed TCM-FM system w ith  over-compression and 
ra is e d  cosine w eight ing  ap p l ie d  over i n t e r v a l s  o f  ap p ro x i ­
mately  1% and 5% o f  the segment p e r io d .  An rms frequency  
d e v ia t io n  of  6kHz and a TCM frame period o f  10ms was 
employed as above. The compression r a t i o s  requ ire d  were 
increased from the simple system by about 2% and 10% to  
4 .0 8  and 4 .4 3  r e s p e c t i v e l y .  Comparison o f  f i g . 9 . 9 ( a )  w i th  
f i g . 9 . 7 (a )  shows l i t t l e  v a r i a t i o n  as expected from the  
margina l  increase  in  compression r a t i o .  However, th e re  is  
an in cre ase  o f  around 10% in the -lOOdB BW of  the s p e c t ru m 
of f i g . 9 . 9 (b )  compared to t h a t  of  f i g . 9 . 7 ( b ) ,  as expected*
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This is  confirmed by the same percentage increases meas­
ured in  the 9836/99% s p e c t r a l  power bandwidths from 31 .8  
and 36.6kHz to 34 .8  and 40.2kHz r e s p e c t i v e l y .
The s p ec t ra  fo r  a 2-channel  over-compressed system 
w ith  frame periods of 5 and 2.5ms are  shown in
f i g s . 9 . 1 0 (a )  and (b )  r e s p e c t i v e l y .  Windowing was a p p l ied  
fo r  approx im ate ly  10% and 20% of  the segment d u ra t io n  
r e s p e c t i v e l y .  The same e x c e l l e n t  s p e c t r a l  r o l l - o f f  is
obtained a l though the l a r g e r  r a t i o  of  modulation per iod to  
TCM frame period n e c e s s i ta te s  a co ns iderab le  increase  in
the compression r a t i o s  to  2 .4 9  and 3 .2 8  r e s p e c t iv e ly  and
hence produces wider main s p e c t r a l  lobes .  F i n a l l y ,  an 8-
channel system w ith  frame periods of  10 and 2.5ms was 
assessed and the r e s u l t s  i l l u s t r a t e d  in f i g . 9 . 1 1 ( a )  and 
( b ) .  The bandwidth of  the former is  approximate ly  10% 
g r e a te r  than e ig h t  times the e q u iv a le n t  non-m u l t ip le xed  Fm 
system (from f i g . 7 . 1 ( a ) ) ,  as expected from the 5% window­
ing i n t e r v a l .  In a d d i t io n  the same observat ions regard ing  
the sm all  TCM frame per iod are  made as fo r  the 2-channel  
system.
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9 . 5  F ILTERING. DEMODULATION AND TIME- EXPANSION
The subrou t ine  FILDEM4.for l i s t e d  in Appendix L was 
w r i t t e n  to e v a lu a te  the in te rm o d u la t io n  d i s t o r t i o n  due to  
pseud o-rec tan g u la r  b a n d l im i t in g  o f  a windowed TCM-FM s i g ­
n a l .  Only over-compressed s ig n a ls  are  considered since the  
basic  (e q u a l is e d )  system is  u n l i k e l y  to  be p r a c t i c a l l y
v i a b l e .  The modulated s ig n a l  spectrum and demodulation
Nprocesses are  based on 2 samples and hence the FFT may be 
used. However, the spectrum o f  the f i n a l  expanded s ig n a l  
r e q u i re s  the use o f  the DFT s ince  a number of  samples 
( r e p re s e n t in g  the redundant i n t e r v a l s )  must be ignored  
le a d in g  to  a t o t a l  which is  no longer a power o f  two.  
Hence, computation is  slow and although FiLDEM4.for ca te rs  
fo r  3 - c o e f f i c i e n t  w e ig h t in g ,  only ra is e d  cosine was 
eva lua ted  due to  l i m i t s  on a v a i l a b l e  computer t im e.  How­
ev er ,  i t  was shown p re v io u s ly  t h a t  th e re  are only marginal  
d i f f e r e n c e s  between the chosen fu n c t io n s .
F i g . 9 .12  shows the in te rm o d u la t io n  d i s t o r t i o n  fo r  a 
2-channe l  TCM-FM system w ith  approx im ate ly  5% ra ised  
cosine windowing fo r  a s e le c t io n  o f  f i l t e r  bandwidths. A 
TCM frame period  of  10ms was used and the measurement was 
performed a t  1kHz. Comparison w ith  the e q u iv a le n t  curves  
fo r  simple TCM-FM ( f i g . 8 . 9 )  shows an o v e r a l l  improvement 
of  t y p i c a l l y  20dB fo r  the l a r g e r  f i l t e r  bandwidths. How­
ev er ,  the increased compression r a t i o  req u ire d  ( 2 . 2 8 )
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reduces the advantage o f  the windowed system fo r  sm al le r
bandwidths. At a t y p i c a l  normalised frequency d e v ia t io n  of
0 . 5 ,  a s i g n a l - t o - d i s t o r t i o n  r a t i o  o f  97dB is  achieved with  
a +30kHz f i l t e r .  This compares to around 74dB fo r  an 
e q u iv a le n t  simple TCM-FM system, and 106dB fo r  a non­
m u l t ip le x e d  FM system (+15kHz from f i g . 7 . 9 ) .  The 
e q u iv a le n t  r e s u l t s  measured a t  3kHz i l l u s t r a t e d  in 
f i g . 9 .1 3  show a s l i g h t l y  increased improvement over simple  
TCM-FM a t  la r g e  f i l t e r  bandwidths. With a normalised f r e ­
quency d e v ia t io n  of  0 . 5 ,  s i g n a l - t o - d i s t o r t i o n  r a t i o s  of  
98dB(32dB improvement) , 66dB and 102dB are obtained a t
+30kHz fo r  the windowed TCM-FM system, simple TCM-FM sys­
tem ( f i g . 8 .1 0 )  and no n -m u l t ip le xed  FM system ( f i g . 7 .1 0 )  
r e s p e c t i v e l y .
Contours of  constant s i g n a l - t o - d i s t o r t i o n  aga in st  
frequency d e v ia t io n  are shown in f i g s . 9 .1 4  and 9 .15  fo r  
1kHz and 3kHz baseband frequencies  r e s p e c t i v e l y .  A good 
f i t  is  obtained to  the fo l lo w in g  l i n e a r  approximations
fo r  1kHz, and
fo r  3kHz
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The s i m i l a r i t y  o f  the equations confirms the near  
i d e n t i c a l  performance f ig u re s  fo r  1kHz and 3kHz obtained  
above. This is  e s p e c ia l l y  t ru e  fo r  la r g e  S/D r a t i o s  ( i e .  
wide f i l t e r  bandwidths) as expected.
F i g s . 9 .16  and 9 .1 7  i l l u s t r a t e  the e q u iv a le n t  r e s u l t s  
fo r  a 4-channel  windowed TCM-FM system, again w ith  w eight­
ing i n t e r v a l s  equal to  approximate ly  5% o f  the segment 
per iod  (compression r a t i o = 4 . 4 3 ) .  Again improvements over 
simple TCM-FM systems ( f i g s . 8 .1 4  and 8 .1 5 )  are observed a t  
l a r g e  bandwidths. T y p ic a l  S/D f ig u r e s  a t  0 .5  normalised  
d e v ia t io n  fo r  a +60kHz f i l t e r  are 95dB and 96dB fo r  1kHz 
and 3kHz r e s p e c t i v e l y .  The corresponding f ig u r e s  fo r  o r d i ­
nary TCM-FM are 68dB (27dB improvement) and 47dB(49dB 
improvement) r e s p e c t i v e l y .  The r e s u l t s  fo r  are  n e ar ly  
i d e n t i c a l  to the 2 -channe l  system, w ith  again l i t t l e  v a r i ­
a t io n  between 1kHz and 3kHz.
The contours o f  constant s i g n a l - t o - d i s t o r t i o n  r a t i o  
f o r  the 4-channe l  system are shown in f i g s . 9 .1 8  and 9 . 1 9 . 
A very good f i t  is  obtained to  the fo l lo w in g  l i n e a r  
approximations fo r  1kHz and 3kHz r e s p e c t i v e l y .
B = 0 .8  + 0 .8 a + 0 .5  + 0 .5 [ § £ ] ] * «
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9 . 6  CONCLUSIONS
A simple time-domain windowing technique opera t ing  on 
the instantaneous frequency waveform o f  a TCM-FM s ig n a l  
has been shown to produce a s u b s t a n t ia l  increase  in spec­
t r a l  r o l l - o f f  and so lead to improvements in  performance  
in  r e l a t e d  a rea s .  Weighting i n t e r v a l s  equal to  about 5% o f  
the TCM segment per iod have been shown to produce spectra  
very n e a r ly  i d e n t i c a l  to those fo r  no n-m ul t ip le xed  Fm 
( w i th  a p p ro p r ia te  frequency s c a l in g  fo r  the number o f  mul­
t ip le x e d  ch an n e ls ) .  Moreover, these c h a r a c t e r i s t i c s  were 
m ainta ined over a range o f  compression r a t i o s ,  although  
the improvement is  less  marked a t  sm a l le r  TCM frame 
p e r io d s .
The weight ing  i n t e r v a l s  were accommodated in  the com­
p o s i te  TCM-FM s ig n a l  w ithout  loss o f  in fo rm a t io n  by 
in c re a s in g  the compression r a t i o  (over-com press ion)  so as 
to  make the shaped segments redundant.  This is  a su per io r  
technique p r a c t i c a l l y  to  the system which employs standard  
compression w ith  e q u a l is a t io n  a t  the r e c e i v e r .  L i t t l e  
v a r i a t i o n  was observed between the P ap o u l is ,  Parzen,  
Blackman and ra is e d  cosine w eight ing  func t ion s  considered,  
with  the l a t t e r  having m a rg in a l ly  the best c h a r a c t e r i s ­
t i c s  .
When b a n d l im i t in g  was in v e s t ig a t e d ,  improvements in
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s i g n a l - t o - d i s t o r t i o n  r a t i o s  over simple TCM-FM systems of  
up to 45dB were observed fo r  l a r g e r  f i l t e r  bandwidths. In 
t h i s  re s p e c t ,  the performance is  s l i g h t l y  worse than an 
e q u iv a le n t  no n -m u l t ip le xed  FM system due to  the increased  
bandwidth requirement caused by over-compression. O v e r a l l ,  
a system employing about 5% ( o f  segment i n t e r v a l )  ra ised  
cosine shaping and a frame per iod o f  10ms was found to  
have a l a r g e l y  i d e n t i c a l  s p e c t r a l  f o o t p r i n t  to a non­
m u l t ip le x e d  FM system w ith  an increase  o f  10-15% in i t s  
normalised bandwidth requ irem ent .
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CHAPTER TEN 
FINAL CONCLUSIONS
Convent ional  mobile  ra d io  systems have been shown to  
be h ig h ly  s u s c e p t ib le  to in te rm o d u la t io n  in t e r f e r e n c e  
whenever n o n - l i n e a r i t i e s  occur. As such cons iderab le  e x t ra  
com plex i ty  must be included in base s t a t io n  hardware in an 
at tem pt  to  m ain ta in  performance a t  an acceptab le  l e v e l .  
A l t e r n a t i v e l y  the frequencies  on which in term o du la t io n  
products are l i k e l y  to  f a l l  must be kept unused; a p o l ic y  
which becomes in c r e a s in g ly  w as te fu l  o f  spectrum as the  
number o f  channels requ ired  in a p a r t i c u l a r  l o c a l i t y  
r i s e s .
Wideband systems employing s i g n i f i c a n t l y  fewer c a r ­
r i e r  frequencies  o f f e r  obvious b e n e f i ts  in t h is  resp ec t .  
The use o f  t i m e - d i v i s i o n  m u l t i p le x in g  in such a system has 
re ce ived  a good deal  o f  a t t e n t i o n .  However, w e l l -  
e s ta b l is h e d  l a n d - l i n e  systems such as PCM are precluded in 
favour o f  unproven techn iques,  eg. sub-band coding, on 
grounds o f  s p e c t r a l  e f f i c i e n c y .  In a d d i t io n ,  complex 
e q u a l is a t io n  is  req u ire d  in the mobile  environment to  com­
bat the e f f e c t s  o f  m u l t ip a t h  fa d in g .  There are  s t i l l  major  
t e c h n ic a l  problems unsolved in  both o f  these areas.  This  
th e s is  is  the r e p o r t  o f  an i n v e s t i g a t i o n  o f  the s p e c t ra l  
c h a r a c t e r i s t i c s  o f  an a l t e r n a t i v e  analogue wideband te c h ­
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nique employing t ime-compression m u l t i p le x in g  on a f r e ­
quency modulated be are r .
A na lys is  o f  angle modulation using c l a s s i c a l  te c h ­
niques has been shown to produce l i t t l e  in s ig h t  in to  i t s  
p r a c t i c a l  performance unless many o v e r - s i m p l i f i c a t i o n s  are  
made. When a complex modulating s ig n a l  such as TCM is  con­
s id e re d ,  the r e s u l t i n g  D iophant ine  expressions have been 
shown to  be p a r t i c u l a r  tedious to  so lve  even w ith  computer 
a id .  Instead  ex ten s iv e  use was made o f  a numerical  te c h ­
nique in v o lv in g  the d i s c r e t e  F o u r ie r  t rans fo rm . By using a 
pseudo-random modulat ing s i g n a l ,  w i th  averaging over a 
number o f  random phase sets using a Monte Car lo  procedure*  
i t  was po ss ib le  to  obta in  r e s u l t s  fo r  n o i s e - l i k e  s ig n a ls .  
E x c e l le n t  c o r r e l a t i o n  was observed between these r e s u l t s  
and those from p r a c t i c a l  measurements and other  published  
works, thus conf i rm ing  the v a l i d i t y  o f  the techn iques.
E xtens ive  comparisons o f  measurements made on conven­
t i o n a l  FM systems w ith  those fo r  TCM-Fm over a range of  
system parameters w ith  pseudo-random modulation confirmed  
t h a t  the co-channel r e j e c t i o n  o f  the former was r e t a in e d .  
Indeed, a s l i g h t  improvement o f  the order o f  l -2dB was 
noted under c e r t a in  c ircumstances. S p e c t ra l  comparisons 
showed th a t  both systems have a c h a r a c t e r i s t i c  main lobe  
which is  of  almost i d e n t i c a l  normalised bandwidth. Con­
tours o f  constant s i g n a l - t o - d i s t o r t i o n  r a t i o  fo r  a given
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f i l t e r  bandwidth were p lo t te d  fo r  both the non-m ult ip lexed  
FM system and fo r  TCM-FM. In both cases, i t  was poss ib le  
to  form a very good l i n e a r  f i t  to  the d a ta .  For TCM-FM, 
th e re  was l i t t l e  v a r i a t i o n  in the measured in te rm odu la t ion  
d i s t o r t i o n  w ith  an e q u iv a le n t  f i l t e r  w ith  e i t h e r  the  
number o f  m u l t ip le x e d  channels or the TCM frame p e r io d .
An enhanced TCM-FM system was a lso  in v e s t ig a te d  which 
employed time-domain windowing o f  the s ig n a l  segments to  
remove the step d i s c o n t i n u i t i e s  which occur in the o th e r ­
wise raw TCM s i g n a l .  L i t t l e  d i f f e r e n c e  in the performance 
of  P ap o u l is ,  Parzen, Blackman and ra ise d  cosine windowing 
fu nc t ion s  was found, although the l a t t e r  did e x h i b i t  a 
m argina l  improvement. With a windowing i n t e r v a l  equal to  
about 1% of  the t o t a l  segment d u r a t io n ,  a s i g n i f i c a n t  
redu c t io n  in the s p e c t r a l  s ide lobes  from the basic TCM-Fm 
was apparen t .  When t h i s  was increased to approximately  
5%, the s p e c t r a l  f o o t p r i n t  was v i r t u a l l y  i d e n t i c a l  to  th a t  
fo r  a no n -m u l t ip le xed  FM system, i n d i c a t i n g  t h a t  the  
d i s c o n t i n u i t i e s  had been e f f e c t i v e l y  removed. I t  was found
t h a t  the technique o f  over-compression o f  the TCM s ig n a l  
to c r e a te  redundant message segments during the shaping
i n t e r v a l s  was s u p e r io r  to  the system employing normal
compression and e q u a l is a t io n  a t  the r e c e i v e r .  The former
system, w ith  a frame period o f  10ms and 5% ra ise d  cosine
windowing was shown to  r e q u i r e  about 10-15% more
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(norm al ised)bandw idth  than an e q u iv a le n t  o rd inary  FM sys­
tem due to  the increase  in compression r a t i o  re q u ire d .
I t  has been shown th a t  a windowed TCM-FM system is  a 
v i a b l e  a l t e r n a t i v e  to  e x i s t i n g  narrowband modulation tech­
n iques .  i t  a lso  has the p o t e n t i a l  to  cha l lenge  other wide­
band systems, and has the p a r t i c u l a r  advantage in t h is  
respect  t h a t  a l l  the technology re q u ire d  is  w e l l -p ro v e n .  
Major a t t r a c t i v e  fe a tu re s  inc lud e  the cons iderab le  reduc­
t io n  in  base s t a t i o n  equipment and the complete e l im in a ­
t io n  o f  antenna combiners, and an o v e r a l l  increase  in 
s p e c t r a l  e f f i c i e n c y  s ince t h e i r  is  no need to employ i n e f ­
f i c i e n t  in te rm o d u la t io n  f r e e  frequency groups. Another 
s i g n i f i c a n t  advantage over d i g i t a l  speech systems is  th a t  
i t  may be e a s i l y  re -c o n f ig u re d  fo r  an e f f e c t i v e  1 2 . 5kHz 
per channel spectrum a l l o c a t i o n  by simply lowering  the FM 
d e v i a t i o n .  I t  remains fo r  the system to  be proven in a 
r e a l  environment where i t  w i l l  be necessary to  adopt one 
of  the m u l t ip le x e d  channels fo r  frame sy n c h ro n is a t io n ,  
p o ss ib ly  in v o lv in g  a maximal length  Barker code and a 
c o r r e l a t o r  a t  the r e c e i v e r .
-  270 -
APPENDIX A
THE DISCRETE FOURIER TRANSFORM (DFT) 
AND THE FAST FOURIER TRANSFORM ( FFT)
A. 1 THE DISCRETE FOURIER TRANSFORM
The d i s c r e t e  F o u r ie r  Transform, DFT, of  the N-term  
complex sequence ( xo» • ,x n * ’ * XN 1  ^ * s an° t h e r  N-term  
sequence (X ^ , .  .X ^ , . .X^ ) such th a t
I f  the f i r s t  se t  of  samples represent  a complex, s i n ­
g le  valued fu n c t io n ,  x ( t ) ,  over a period of  T, then the 
transformed samples repres en t  the sampled spectrum, X ( f ) ,  
a t  i n t e r v a l s  o f  1 /T .  Now X^ conta ins both p o s i t i v e  and 
ne gat ive  frequency samples such t h a t  k=l  to  N/2+1 are
p o s i t i v e ,  w h i ls t  the remainder are n e g a t iv e .  Due to  the
f i n i t e  i n t e r v a l  o f  observat ion  fo r  x^, Xn is  a lso  p e r io d ic
such th a t  X , K1. s=X .(.N+nj n
There a lso  e x is t s  an inverse  d i s c r e t e  F o u r ie r
Transform. This may be found by ta k in g  the DFT o f  the  
conjugate  o f  Xk , forming the conjugate o f  the r e s u l t  and.
s c a l in g  by 1/N ,  i e .
j2irnk/NN - l ( A. 1)
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x = hn N
*
) X* e- j 2lrnk/ N 
lk=0 k
( A . 2 )
A su b ro u t in e ,  D F T . fo r ,  w r i t t e n  in  For t ran  77 to  
e v a lu a te  the r e l a t i v e l y  simple a lg or i th m  o f  the DFT is  
shown in f i g . A . l ,  which may be used fo r  any value of  N.
A .2 THE FAST FOURIER TRANSFORM
E v a lu a t io n  o f  each i n d i v i d u a l  in the DFT in vo lves
N complex m u l t i p l i c a t i o n s  and N - l  complex a d d i t io n s .
Hence the t o t a l  number of  computations fo r  a l l  po in ts  is  
2
N m u l t i p l i c a t i o n s  and N ( N - l )  a d d i t io n s .  However, by mak-
— in k/Ning use of  symmetrical  p a t te rn s  o f  e J and xn products  
t h a t  occur in the e v a lu a t io n ,  cons iderab le  savings in  com­
p u t a t i o n a l  time may be achieved .  Algori thms which e x p l o i t  
these symmetries are  known as f a s t  F o u r ie r  transform ( F f t ) 
a lg o r i th m s .  These a lgor i th m s are  only e f f i c i e n t  when N is  
not a prime number, i e .  N = r^ . r 2 • r ^ . . . . r^ m>l, where r is  
known as the ra d ix  o f  the a lg o r i th m .  The number of  complex 
c a l c u l a t i o n s  is  then p r o p o r t io n a l  to  r i + r 2+ , , r m* w'"len a -H 
the r ’ s are  equa l ,  the a lg or i th m  is  known as f ix e d  r a d i x ,  
and o f  these ,  the r a d i x - 2  is  the most e f f i c i e n t  which com­
p l i e s  N to be a power o f  tw o . .  In t h is  l a t t e r  case, the  
number of  complex m u l t i p l i c a t i o n s  is  reduced to  
( N / 2 ) l o g 2N/2 and the number o f  complex a d d i t io n s  to  
Nlog2N* One o f  the best  known examples of  t h i s  type is  the
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Cooley-Tukey a lg o r i th m  The su b ro u t in e ,  F F T . f o r ,  given
in f i g . A . 2 is  based on t h i s  a lg o r i th m .  I t  has been found 
f 2 ) th a t  t h i s  a lg or i th m  is  more e f f i c i e n t  than the DFT 
when N exceeds 32.
A . 3 DETERMINATION OF FM SPECTRA
The DFT and FFT may be r e a d i l y  used to r a p id ly  and 
a c c u ra te ly  c a l c u l a t e  FM s p e c t ra .  Consider the s in u s o id a l l y  
FM modulated c a r r i e r
eFM( t ) = cos 2irf t  + -r—sin2ir f  t  c f m mm
( A . 3)
Since the power spectrum is  symmetrical about the c a r r i e r
and the samples from n=l to  N/2+1 rep res en t  the P o s i t i v e
frequenc ies  in the DFT, then the c a r r i e r  frequency should
N/4+1be chosen to be —— — . In t h i s  case, the period o f  the  
composite FM s i g n a l ,  T, is  equal to the period o f  the  
modulat ing s i g n a l ,  1/ f m> p rov id ing  N/4+1 is  an i n t e g e r ,  
i e .  N=4,8 e t c . .  When the r a d ix - 2  FFT a lg or i th m  is  used, 
t h is  co n d i t io n  is  always s a t i s f i e d  fo r  N>_4. The choice of  
the exact  va lue of  N is  o f ten  on a t r a i l  and e r r o r  basis  
to ensure t h a t  the m a jo r i t y  o f  s p e c t r a l  energy is  con­
ta in e d  w i th in  the N/2T bandwidth to avoid a l i a s i n g  prob­
lems. However, too high a value fo r  N leads to  an unneces­
sary long computation t im e.
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subroutine DFT
c Subroutine to find discrete complex N-term Fourier transform
c of an N-term complex sequence stored in complex array X.
c Upon return results are placed in array X.
complex X,Y(10000),sum 
c Declare common block "sub" for variable N and complex array
c X (10,000 elements).
common /sub/X(10000),N 
c Set value of "tpi" to twice "pi".
tpi=8*atan(1E0) 
c Begin loop for variable "ki"
do 20 ki=l,N 
c Set complex value "sum" to zero.
sum=cmplx(0E0,0E0) 
c Begin loop for variable "ni"
do 10 ni=l,N 
c Form product "nk" reduced modulo N.
nk=mod((ki-1)*(ni-l),N) 




c Set element "ki" in output array to "sum".
Y(ki)=sum 
20 continue
c Transfer results to original array X.





Fig. A . K  Subroutine DFT.for.
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subroutine FFT
c Single precision subroutine to take DFT of an N-term complex
c sequence stored in the complex array X(N) efficiently using
c the Cooley-Tukey radix-2, in-place, decimation-in-time
c algorithm.
c N=2**L2N and L2N are positive integers. Upon return result
c replaces X(N).
complex X,B,W
c Declare common block "sub" for complex array X with 10,000
c elements and variable N.
coramon/sub/X(10000),N 
c Set value of 'pi1.
pi=4*atan(1E0) 
c Set value of log2N.
L2N=nint(logl0(N*lE0)/logl0(2E0))
L=1
c Loop to perform in-place bit-reversal shuffling of data,
do 30 K=1,N-1 





20 if(M.GE.L) go to 30
L=L-M 
M=M/2 








c Loops to perform DFT calculations,
do 50 J-l,M 
B J=J














subroutine to evaluates FM spectrum for pseudo-random 
noise modulation using a Monte Carlo procedure.
"M" tones in a 3kHz bandwidth are used and the result 
is averaged over "inum" independent runs. "Beta" is 
the ratio of rms frequency deviation 
to the noise modulation bandwidth of 3kHz. 






prompt to terminal and read variables, 
read(5,*)N,L2N,period,beta,M,inum 
pi=4*atan(1E0)
open and rewind file "random" containing uniform random 
phases.




calculate initial variables for pseudo-random noise samples





set fundamental noise component 
incf=3000/M 
set sampling interval 
dt=period/N
initial arrays C(i) and S(i) 





open file 'filel' for results 
open(4,file=filei,status®'new') 
rewind(4)
begin loop for 'inum1 independent random phase sets 
do 100 1=1,inum
calculate phase of FM carrier with pseudo-random noise 
modulation consisting of M tones using method of Watt*
loop to calculate M pseudo-random phase angles using function 
uniran sub program 


















normalise signal for correct rms frequency deviation 
phasel=beta*sqrt(2E0*M)*phasel
calculate values of FM signal using both in-phase and 
quadrature carrier components (ie. using complex exponential 












call subroutine FFT to find FM spectrum
call FFT
total®0E0
loop to perform averaging of spectra and calculate 
total power, 











c loop to output N/2+1 averaged spectral components in
c dB form.
write(*,*)'Averaged spectral componenta are' 
do 30 i=l,N/2+1 
write(*,*)10*logl0*spec(i)
30 continue













70 write(4,*)’98%BW= ’,BW1,199%BW= ',BW2,
end




c produces random number in range (0,1) when given
c seed and returns new seed.
integer*4 B2E15,B2E16,HI15,HI31,lowl5,lowprd,modlus, 
& multi,mult2,ovflow,seed
























FILTERING AND DEMODULATION OF FM SIGNALS
USING THE DISCRETE FOURIER TRANSFORM
A. 1 FILTERING
The e f f e c t  of  f i l t e r i n g  upon an FM s ig n a l  may be 
r e a d i l y  accounted fo r  by m u l t i p ly in g  each complex com­
ponent in  the frequency domain produced by the DFT by the  
corresponding complex f i l t e r  c o e f f i c i e n t .  There is  a 
s l i g h t  a d d i t i o n a l  complexity  in  t h a t  the n e g a t iv e  f r e ­
quency c o e f f i c i e n t s  o f  the f i l t e r  are  a ls o  re q u i re d .  How­
e v e r ,  from the p ro p e r t ie s  o f  the F o u r ie r  Transform, the  
frequency response o f  a network w i th  a r e a l  time response 
i s  h e rm i t ia n ,  i e .  X ( - f ) = X ( f )  # Hence the complete response 
of  any p r a c t i c a l  f i l t e r  may be r e a d i l y  obtained using con­
ju g a t io n  of  the p o s i t i v e  frequency components. This pro­
cess is  incorpora ted  in to  the subrou t ine  F lLD E M l. fo r  shown 
in f i g . D . l ,  where the complex f i l t e r  c o e f f i c i e n t s  are con­
ta in e d  in  the a r ray  Y ( i ) .  U n l ik e  the previous programme* 
SPECT.for ,  the f u l l  complex r e p re s e n ta t io n  of  the Fm s i g ­
n a l  i s  used which permits an e a s ie r  demodulation a lg or i th m  
to  be employed.
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A . 2 DEMODULATION
A f t e r  the s p e c t ra l  components have been modif ied by 
the f i l t e r  c o e f f i c i e n t s ,  an in verse  d i s c r e t e  F o u r ie r
transform  may be employed to recover  the time-domain sam­
p les  using the a lgor i th m  o f  Appendix A. These samples are
of  the form
X(n)  = An cos[2wfc t n ♦ 9 ( t n 3] ♦ jAn s i n ^ w f ^  + Q C t j ]
For a sampled continuous s i g n a l ,  the output o f  an FM 
de 2c t o r ,  9 ( t ) ,  may be expressed as
i e .  the r e s u l t i n g  s ig n a l  samples are obtained a t  po ints  
mid-way between the o r i g i n a l  s ig n a l  samples.
( B. 1)
0 ( t n + A t /2 )  =
0 ( t  + At)  -  0 Ct )n n
At
(B .2 )T 7 n
Now




r e a l  j^ X C n ) . X ( n ) * j  . r e a l £ x ( n  + l )  .X(n + l ) * J  CB.4)
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T h ere fo re
r e a l  £x(n) .X (n ) *J
7172
r e a l [ x ( n ) . X ( n ) * ]  . r e a l [ x ( n + l ) . X ( n + l ) * l
cos[2 ir fcT /N +Q (tn+1) - 0 ( t n )] 
c o s [ i r A + 9 ( t n+1) -  S ( t n )]
~sln[e(-tn*l) - 0 ( t n ) ] CB.5)
s ince  f  = N /4T .  c
Hence, the inverse  s in  fu nc t ion  may be used to obta in  
the t ru e  demodulated output p ro v id in g  0 ( t p+1) -  0 ( t p ) — — 
i r /2 .  For a s in u s o id a l  input  o f  frequency f  w ith  peak 
d e v ia t io n  Af,  the maximum value o f  0 ( t p+1) -
[8Ctn + l } -  0 ( t n ) ] max IB.6)
Hence, fo r  example, w i th  Af =+ 5kHz and f  
= 100Hz, N must be g r e a te r  than 4.
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program fildeml
program to calculate harmonic distortion in FM signal 
with pseudo-rectangular RF filter and sinusoidal 
modulation, 
complex X,value
declare common block with subroutine FFT.for. 
common /fft/X(17000),N,L2N
prompt to terminal and read input variables, no.of points,
modulation frequency, period and beta (= $ DELTA f $ /fm ).
write(5,*)'Enter N,L2N,fm,period,beta
read(6,*)N,L2N,fm,period,ratio,beta
set value of "con" to 2 $ pi $.
con=8*atan(1E0)





















call to FFT.for subroutine, 
call FFT
loop to multiply spectral components by filter coefficients




call to FFT.for for IDFT. 
call FFT












c output N time samples to terminal.




c call to FFT.for to form demodulated spectrum
call FFT
c output N/2+1 spectral components in dB form to file










c program to calculate intermodulation distortion in FM signal
c with pseudo-rectangular RF filter using pseudo-random noise
c modulation, at various baseband (slot) frequencies.




integer *4 seed 
complex X,value 
c declare common block 'cfft' (for FFT subroutine)
common /cfft/X(17000),N,L2N 
c set value of con to '2 pi'
con=8*atan(1E0) 
c input variables from terminal:
c N=no.samples of waveform used,
c period=period of FM signal,
c beta=ratio rms frequency deviation to noise bandwidth*
c B=rectangular filter half-bandwidth,
c M=no. baseband noise components,
c inum=no. independent runs used for averaging of results,




c set L2N to log2 N
L2N=nint(loglO(real(N))/logl0(2E0)) 








c find no. FM sidebands in filter BW
iwidth-nint(aint(2*B*period)) 
c calculate filter coefficients, Y(i), using 64-term cosine



















c calculate initial variables for pseudorandom noise samples





c set fundamental noise component
incf=3000/M 
c set sampling interval
dt=period/N 
c initial arrays C(i) and S(i)





c open file 'filel' for results
open(4,file=filel,status3 'new') 
rewind(4)
c begin loop for slot positions
do 200 nslot=l,7 
SDRT=0E0 
iout=0
c begin loop for 'inum' independent random phase sets
do 100 1=1,inum
c calculate phase of FM carrier with pseudorandom noise
c modulation consisting of M tones using method of Watt,
c loop to calculate M pseudorandom phase angles using function
c uniran sub program






























c normalise signal for correct rms frequency deviation
phasel=beta*sqrt(2E0*M)*phasel 
c calculate values of FM signal using both in”phase and
c quadrature carrier components (ie. using complex exponential












c call subroutine FFT to find FM spectrum
call FFT
c loop to modify spectral components with filter coefficients
c (note: only positive frequencies needed since complex exponential
c carrier used)
do 20 i=l,N









c recover time domain samples after filtering
call FFT
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do 25 i=l,N 
X(i)=conjg(X(i))/N 
25 continue









c calculate spectrum of demodulated signal
call FFT 
power=0E0







c calculate average wanted signal power-to-power in 'free' slot
c ie. signal-to-distortion ratio
SDR=power/((M-l)*real(X(islot(nslot)+l)*conjg(X(islot(nslot)
& +1) ) ) )
c average result of above with previous runs
SDRT=SDRT+1/SDR 
c output results if first run
if(l.EQ.l) then
write(4,*)'beta=f,beta,1B=',B,'slot= 1,islot(nslot),'1= ',1,
& 'average SDR= ',-10*logl0(SDRT/l)
iout=iout+l 
endif
c output result if run is 5,10,15*..inum etc.
if(1.EQ.iout*5) then










c program to calculate intermodulation distortion in FM signal
c with a single co-channel interferer at various slot
c frequencies. Both signals modulated with pseudo-random noise.




integer *4 seed 
complex X,value 
c declare common block "cfft" (for FFT subroutine)
common /cfft/X(17000),N,L2N 
c set value of con to " 2 pi 11
con=8*atan(1E0) 
c input variables from terminal:
c N=no. samples of waveform,
c period=period of composite FM signal (ie. including
c interferer),
c betal, beta2 =ratio of rms frequency deviation to noise
c bandwidth for wanted and interfering signals respectively*
c chan=level of interferer relative to wanted signal,
c foff= interferer carrier frequency offset,
c M= no. noise components,
c inum= no. runs averaged,




c iset L2N to log2 N
L2N=nint(logl0(real(N))/logl0(2E0)) 













c set fundamental noise component
incf=3000/M
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c set sampling interval
dt=period/N 
SDRT=OEO
c initialise arrays C(i) and S(i)





c open "filel" for results
open(4,file=filel,status*'new') 
rewind(4)
c begin loop for slot positions
do 200 nslot=l,7 
SDRT=0E0 
iout=0
c begin loop for "inum" random phase sets
do 100 1=1,inum
c calculate carrier phase using efficient trigonometric series
c method of Watt for both wanted and un-wanted signal,
c loop to calculate pseudo-random phase angles using uniran
c sub-program for wanted signal





c loop to calculate pseudo-random phase angles using uniran
c sub-program for interfering signal signal












































calculate values of composite FM signal using complex













loop to frequency demodulate signal (Appendix B method) 
value=X(1) 
do 30 i=l,N-1





calculate demodulated signal spectrum 
call FFT 
power=0E0










output results if first run
if(l.EQ.l) then
write(4,*)1 offset=',foff,'amp3 ',chan,'slot= 1,islot 
(nslot),'l= ',1,’average SDR=',-10*logl0(SDRT/l) 
iout=iout+l 
endif










c program to calculate spectrum of TCM-FM signal with one
c active channel and sinusoidal modulation
character *6 filel 
dimension spec(8200) 
complex X,value 
c declare common block "cfft" (for FFT subroutine)
common /cfft/X(17000),N,L2N 
c set value of con to 11 2 pi "
con=8*atan(1E0) 
c input variables from terminal:
c N=no. samples of waveform,
c fm=modulating frequency,
c period=period of TCM-FM signal,
c beta=ratio of peak frequency deviation to modulating
c frequency,
c ratio=TCM compression ratio,




c set L2N to log2 N
L2N=nint(loglO(real(N))/logl0(2E0)) 
c open "filel" for results
open(3 , file= filel, status31' new' ) 
dt=period/N 
c set initial phase for FM carrier
omega=con/2*N/(4*ratio)-beta*cos(con*amod(”fm*period/2,1E0)) 
c loop to calculate N/ratio carrier samples (ie. for active
c channel)
















c loop to calculate remaining samples (ie. no modulation
c present)












c call FFT subroutine to derive FM spectrum
call FFT






c output scaled results (for plotter) using a lOOdB power











c program to calculate spectrum of TCM-FM signal with pseudo-
c random noise modulation and all channels active, and derive
c 98/99% spectral power bandwidths.





integer *4 seed,h,factor,fact2 
complex X 
c declare common block "cfft"
common /cfft/X(17000),N,L2N 
c set con to "2 pi "
con=8*atan(1E0) 
c input variables from terminal:
c NN=no. samples of complete TCM-FM waveform,
c frame=TCM frame period,
c period=period of TCM-FM waveform,
c beta=ratio of rms frequency deviation to iratio x noise
c bandwidth,
c iratio=TCM compression ratio=no. multiplexed channels,
c M=no. noise components,
c inum=no. independent runs averaged for final results,
c seedl=seed for pseudo-random phase generator,





c set factor to ratio of TCM-FM period and TCM frame
factor=nint(period/frame) 
c set NIR to number of samples per TCM segment
NIR=NN/(iratio*factor) 
c set NF to iratio x NIR
NF=NN/factor 
c set fundamental noise frequency
incf=3000/M
fact2=nint(period*incf) 
c set sampling interval
dt=period/NN 
c initialise arrays C(i) and S(i)
















c begin loop for "inum" independent phase sets
do 100 1=1,inum 
c set parameters in common block for FFT
N=NN
L2N=logl0(real(NN))/logl0(2E0) 
c loop to calculate pseudo~random phase angles using
c function uniran
do 3 k=0,iratio-l 
RC(k*(M+l))=0E0 
RS(k*(M+l))=0E0 






c loops to calculate complex exponential carrier phase angles






i t emp=h*NIR+ i
k t emp=h*NF+k*NIR+ i
t=-frame/(2*iratio)+dt*(ktemp~0.5)
te m p (M + l)=0E0




















c loop to normalise phase angles for correct freq. deviation














c call FFT to obtain FM spectrum
call FFT















c loop to calculate 98% spectral power bandwidth and average
c result with previous runs
















c loop to calculate 99% spectral power bandwidth and average
c result with previous runs















c output final values for 98/99% power bandwidths
75 if(1.EQ.inum) then
write(4,*)'98%BW= ',BW1(1),'99%BW= ',BW2(1),'1=',1,'beta= '
& ,beta,'M=',M
peak2=0E0 




c output final scaled spectrum results (100dB range with largest













c program to calculate intermodulation distortion in TCM-FM
c signal with pseudo-rectangular RF filter using pseudo-
c random noise modulation, t various baseband (slot)
c frequencies. All TCM channels active.




integer *4 seed,h,factor,fact2 
complex X,value,chan(0:10) 
c declare common block "cfft"
common /cfft/X(17000),N,L2N 
con=8*atan(1E0) 
c input variables from terminal:
c NN=no. samples of waveform,
c frame=TCM frame period,
c period=period of TCM-FM waveform,
c beta=ratio of rras frequency deviation to iratio x noise
c bandwidth,
c B=rectangular filter half"bandwidth,
c iratio=TCM compression ratio,
c M=no. noise components,
c inum=no. of runs averaged for final results,












c set "factor" to ratio of TCM-FM period to TCM frame
factor=nint(period/frame) 
c set fundamental noise frequency
incf=3000/M
fact2=nint(period*incf) 
c set sampling interval
dt=period/NN
c find no. sidebands of TCM-FM signal in filter BW
iwidth=nint(aint(2*B*period))
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c calculate filter coefficients, Y(i), using 64-terra weighted















c initialise arrays C(i) and S(i)





c open "filel" for results output
open(4,file=filel,status®1new1) 
rewind(4)
c begin loop for slot positions




c begin loop for "inum" independent random phase sets
do 100 1=1,inum 




c loop to calculate M pseudo-random phase angles using
c function "uniran"
do 7 k=0,iratio~l 
RC(k*(M+l))=0E0 
RS(k*(M+l))=0E0 







c calculate carrier phase angles (Watt method), one TCM
c segment at a time
do 10 h=0,factor-1
























c calculate offsets to ensure no step discontinuity in























c normalise phase samples for correct freq. dev.
phase2=beta*sqrt(2E0*M)*(phasel+const) 
c calculate carrier waveform using complex exponential carrier
c at frequency N/(4*period)




j =mod(k t emp,4) 
if(j.EQ.l) then














c find TCM-FM spectrum
call FFT
c modify spectral components by filter coefficients (note:












c recover time-domain samples
call FFT 
do 25 i=l,N 
X(i)=conjg(X(i))/N 
25 continue
c loops to frequency demodulate TCM-FM signal, using process
c of AppendixB.
value=X(l) 
do 30 h=0,factor-1 
do 40 i=l,N/(factor*iratio)-l 























c redefine parameters for FFT subroutine such that no. samples
c is now just those for one TCM channel
N=NN/iratio
L2N=loglO(real(N))/logl0(2E0) 
c find demodulated spectrum for channel one
call FFT
c calculate effective signal-to-distortion ratio
power=0E0









c output results if first run
if(l.EQ.l) then
write(4,*) 'beta25' ,beta,1 B=l ,B,1 slot= 1 , islot(nslot) ,' 1= 1 »1»
& 'average SDR=I,-10*logl0(SDRT)
endif













c program to calculate intermodulation distortion in TCM-FM
c signal with a single co-channel interferer. Both signals
c modulated with pseudo-random noise modulation. Calculation
c performed at several baseband frequencies.




integer *4 seed,h,factor,fact2 




c input variables from terminal:
c NN=no. samples of waveform,
c frame=TCM frame period,
c period=TCM-FM period,
c betal, beta2=ratio of rms frequency deviation to iratio x
c noise bandwidth for wanted and co~channel signals
c respectively,
c iratio=TCM compression ratio,
c foff=interferer carrier frequency offset,
c xmag=level of interferer relative to wanted signal,
c M=no. noise samples,
c inum=no. independent phase sets averaged for final results,













c factor is ratio of TCM-FM period to TCM frame duration
factor=nint(period/frame) 
c set fundamental noise frequency
incf=3000/M
fact2=nint(period*incf) 
c set sampling interval
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dt=period/NN 
c initialise arrays C(i) and S(i)





c open "filel" for results
open(4,file=filel,status='new') 
rewind(4)
c begin loop for slot positions




c begin loop for "inum" independent random phase sets
do 100 1=1,inum 




c calculate M pseudo-random phase angles using function
c "uniran" for both wanted and interfering signals
do 3 k=0,iratio-l 
RC(k*(M+l))=0E0 
RS(k*(M+l))=0E0 






do 5 k=0,iratio-l 
RC2(k*(M+l))=0E0 
RS2(k*(M+l))=0E0 







c calculate carrier phase angles (Watt method), one segment
c at a time, "phase" is wanted signal, "angle" is interferer
do 10 h=0,factor-1 
do 12 k=0,iratio-1 























temp( j  ) s 2 * te m p ( j+ 1  )*C( item p)* - tem p ( j + 2 ) + R S 2 ( k * ( M + l ) + j  ) 
continue
anglel=anglel-temp(1)*S(itemp)





incf*t,1E0))+RS(k*(M+l)+islot(nslot)) *sin(con*amod(r at io* 
islot(nslot)*incf*t,1E0)) 
endif
calculate offsets to ensure no step discontinuity in phase
at segment boundaries (wanted signal)
if(i.EQ.l) then













calculate offsets to ensure no step discontinuity in phase 











modify offsets for channel one of wanted signal to allow 













calculate complex exponential carrier samples for unwanted 
signal (carrier freq. =N/(4*period)+foff)
col=xmag*cos(con*amod((foff+N/(4*period))*tnew,lE0)-angle2) 
co2=xmag*sin(con*amod((foff+N/(4*period))*tnew,lE0)-angle2) 
calculate complex exponential carrier samples for wanted 
















































c get demodulated signal output spectrum
call FFT
c calculate effective signal”to-noise ratio
power*0E0









c output results if first run
if(l.EQ.l) then
write(4,*)'beta*',beta,'amp=',xmag,'offset=',foff,'slot= 1 ,
& islot(nslot),11= ',1,'average SDR*1,-10*logl0(SDRT)
endif
c output results if run =5,10,15...inum etc.
if(l.EQ.iout*5) then











c program to calculate spectrum of windowed TCM-FM signal
c with pseudo-random noise modulation and all channels
c active, and derive 98/99% spectral power bandwidths.
c windowing is either 3-coefficient, Papoulis or Parzen.
c both simple and over-compressed TCM-FM systems may be
c analysed





integer *4 seed,h,factor,fact2,chan 
complex X 
c declare common block "cfft"
common /cfft/X(17000),N,L2N 
con=8*atan(1E0) 
c input variables from terminal:
c NN=no. samples of waveform,
c frame=TCM frame period,
c period=TCM-FM period,
c beta=ratio of rms frequency deviation to iratio x
c noise bandwidth,
c iss=no. samples in each segment to which windowing is
c applied,
c coeff=parameter for 3-coefficient windowing,
c chan=no. multiplexed channels in TCM-FM system
c (= compression ratio in simple TCM system),
c M=no. noise components,
c inura=no. independent runs averaged for final results,
c seedl=seed for pseudo-random phase generator,
c spqn=frequency span for output spectrum,
c filel=results file,
sell=character variable to select type of windowing 
c (=McoefM , for 3-coeff., "pap", for Papoulis and
c "par" for Parzen),
c sel2=character variable to select type of system




















c initialise arrays C(i) and S(i)
















c begin loop for "inum" independent runs
do 100 1=1,inum 
c set parameters in common block for FFT subroutine
N=NN
L2N=loglO(real(NN))/logl0(2E0) 
c calculate pseudo-random phase angles
do 5 k=0,chan-1 
RC(k*(M+l))=0E0 
RS(k*(M+l))=0E0 
do 6 j=l,M 





c calculate average value of discontinuity in instantaneous
c frequency waveform at each segment boundary (for subsequent
c windowing algorithm)
do 20 h=0,factor_l 



































c calculate carrier instantaneous frequency over period using
c Watt method, segment by segment
do 10 h=0,factor~l 
do 12 k=0,chan-1 
do 14 i=l,NIR 














c if iss not zero, then apply windowing selected by "sell"
c to iss signal samples at beginning and ends of each segment




























































phase= ( p h a s e - v a r (m o d ( h * c h a n + k + l , c h a n * f a c t o r ) ) ) * ( 2 * ( 1 -  








p h a s e l ( k t e m p ) = p h a s e l ( k t e m p - l ) + d t * p h a s e






c convert frequency samples to phase samples, and calculate
c complex carrier values (carrier at N/(4*period))
do 34 i=l,N













c derive windowed TCM-FM spectrum
call FFT
c loop to calculate total spectral power and
c value of largest component,













c loop to calculate 98% spectral power bandwidth and average

















c loop to calculate 99% spectral power bandwidth and average
c result with previous runs
























c output final scaled spectrum results (100dB range, largest















c program to calculate intermodulation distortion in
c windowed TCM-FM signal with pseudo-rectangular RF
c filter using pseudo-random noise modulation,
c windowing is 3-coefficient, and both over-compressed
c and simple TCM systems with post-demodulation equalisation
c may be analysed





integer *4 seed,h,factor,fact2 
complex X,value 
c declare common block "cfft"
common /cfft/X(17000),N,L2N 
con=8*atan(1E0) 
c input variables from terminal:
c NN=no. samples of waveform,
c frame=TCM frame period,
c period=TCM-FM period,
c beta=ratio of rms frequency deviation to iratio x
c noise bandwidth,
iss=no. samples in each segment to which windowing is 
c applied,
c coeff=parameter for 3-coefficient windowing,
c chan=no. multiplexed channels in TCM-FM system
c (= compression ratio in simple TCM system),
c B=pseudo-rectangular filter half-bandwidth,
c M=no. noise components,
c inum=no. independent runs averaged for final results,
c seedl=seed for pseudo-random phase generator,
c span=frequency span for output spectrum,
c filel=results file,
c sell=character variable to select type of system



























calculate no. sidebands in TCM-FM spectrum in filter 
bandwidth
iwidth=nint(aint(2*B*period))
calculate filter coefficients, Y(i), using 64-term 















initialise arrays C(i), S(i), CC(h) and SS(h) 










open "filel" for results 
open(4,file=filel,status='new') 
rewind(4)





c begin loop for "inum" independent phase sets
do 100 1=1,inum 
c set parameters in common block for FFT subroutine
N=NN
L2N=loglO(real(NN))/logl0(2E0) 
c calculate M pseudo-random phases using function "uniran"
do 8 k=0,chan-1 
RC(k*(M+l))=0E0 
RS(k*(M+l))=0E0 






c calculate average value of discontinuity in instantaneous



























































i  t  emp=h*NIR+ i
k tem p=h * N F + k * N IR + i
t=-fr ame/(2*chan)+dt*(kt emp~0.5)
temp(M+l)=0E0









phase=pha.se+temp( 1)*S( itemp) 
c remove component at frequency islot(nslot) from








c if iss not zero, then apply 3-coefficient windowing to


















convert frequency samples to phase samples, and calculate 
complex carrier values (carrier at N/(4*period)) 



















get TCM-FM spectrum 
call FFT
















c recover time-domain samples
call FFT 
do 54 i=l,N 
X(i)=conjg(X(i))/N 
54 continue
c loops to demodulate TCM-FM signal using process of Appendix B
value=X((factor-1)*NF+NIR) 
do 65 h=factor-l,0,-1 





















do 68 h=0,factor-1 
do 69 i=l,NIR 






















use FFT to calculate output spectrum
call FFT
elseif(sell.EQ.'over1)
if iss is zero then set N and L2N to appropriate 
values for samples of one channel (note: N is power of 







use FFT to calculate output spectrum
call FFT
else
if iss not zero, then set appropriate values but 
N is no longer power of 2, therefore inefficient DFT must 
be used
N*(NIR-2*iss)*factor 









use DFT to calculate output spectrum
call DFT
endif
calculate effective signal-to-distortion ratio 
power=0E0














output results if run is 5,10...inum etc. 
if(1.EQ.iout*5) then
write(4,*)'beta=f,beta,'B=',B,1slot= 
& 'average SDR=',-10*logl0(SDRT/l)
iout=iout+l 
endif 
100 continue
200 continue
close(4) 
end
',islot(nslot),'1= ',1,
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